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Motorola 
is a major supplier 
of Semiconductors 
to Telecommunications 
equipment 
manu- 
facturers 
worldwide, 
and our data manuals 
for such standard 
products 
as dedicated 
MOS 
and Bipolar 
Telecom 
ICs, CMOS Special 
Circuits, 
High-Speed 
CMOS, 
ECL, TIL, 
Linear, 


Power 
Transistors, 
Microprocessors, 
and 
Memories, 
are 
on 
the 
reference 
shelves 
of 
designers 
throughout 
the industry. 


This data book pulls together 
Motorola's 
Semiconductor 
Products which are dedicated 
to 
applications 
in Telecommunications. 
It reflects 
both 
the 
growing 
portfolio 
of 
Motorola 
devices for Telecommunications 
and the need for designers 
to have product 
information 
at 
hand in a convenient 
form. 


Many of the products 
presented here are new, for new applications 
in an industry which is 
presently 
one of the most dynamic 
and fastest 
growing-Telecommunications. 
It was possi- 
ble only to include a limited 
amount 
of application 
material. 
Hence these products 
are sup- 
ported by applications 
and product specialists 
within the Motorola 
Semiconductor 
organiza- 
tions. 
Should 
you 
require 
further 
details 
or assistance 
in designing 
with 
any of these 
devices, your Motorola 
Semiconductor 
Sales Office 
can put you in touch 
with the relevant 
expertise 
within 
our organization. 


Motorola 
reserves the right to make changes to any product 
herein to improve reliability, 
function 
or design. 
Motorola 
does not assume any liability 
arising 
out of the application 
or 
use of any product 
described 
herein; 
neither 
does it convey any license 
under its patent 
rights 
nor the rights of others. 


Motorola, 
Inc. general policy does not recommend 
the use of its components 
in life sup- 
port applications, 
where in a failure 
or malfunction 
of the component 
may directly 
threaten 
life or injury. Per Motorola Terms and Conditions 
of Sale, the user of Motorola 
components 
in 
life support 
applications 
assumes 
all risk of such use and indemnifies 
Motorola 
against 
all 
damages. 
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II 


Device 
Number 


DSP56001 
DSP56200 


MC3417 
MC3418 
MC3419-1 
L 
MC3517 
MC3518 
MC6172 
MC6173 
MC14408 
MC14409 
MC14410 
MC14411 
MC14412 
MC14413-1 
MC14413-2 
MC14414-1 
MC14414-2 
MC14416 
MC14417 
MC14418 
MC14419 
MC33129 
MC34010 
MC34011 
MC34012 
MC34013 
MC34014 
MC34017 
MC34018 
MC34114 
MC34115 
MC34118 
MC34119 
MC34120 
MC34129 
MC34214 
MC68605 
MC68606 
MC141500 
MC142100 
MC142103 
MC143403 
MC143404 


56 Bit General Purpose Digital Signal Processor 
. 
Cascadable Adaptive 
Finite Impulse 
Response Digital 
Filter 
. 


CVSD Modulator/Demodulator 
(3 Bit Algorithm) 
. 


CVSD Modulator/Demodulator 
(4 Bit Algorithm) 
. 


Subscriber 
Loop Interface 
Circuit 
. 


CVSD Modulator/Demodulator 
(3 Bit Algorithm) 
. 


CVSD Modulator/Demodulator 
(4 Bit Algorithm) 
. 


2400 
BPS Digital Modulator 
(DPSK) 
. 
2400 
BPS Digital Demodulator 
(DPSK) 
. 


Binary to Phone Pulse Converter 
. 


Binary to Phone Pulse Converter 
. 


2 of 8 Tone Encoder 
. 


Bit Rate Generator 
. 
o - 600 
BPS Modulator 
(Bell 1031V21) 
. 
PCM Bandpass/Lowpass 
Filter (CCITT) 
. 
PCM Bandpass/Lowpass 
Filter (D3/D4) 
. 
PCM Dual Lowpass 
Filter (CCITT) 
. 


PCM Dual Lowpass 
Filter (D3/D4) 
. 
Time Slot Assigner 
Circuit 
(Serial) 
. 
Time Slot Assigner 
Circuit 
(Parallel) 
. 


Time Slot Assigner 
Circuit (Programmable) 
. 


2 of 8 Keypad to Binary Encoder 
. 
High Performance 
Current 
Mode Controller 
. 
Electronic 
Telephone Circuit 
(MCU Interface) 
. 


Electronic 
Telephone Circuit 
. 
Telephone Tone Ringer 
. 


Speech Network 
and Tone Dialer 
. 
Speech Network 
and Dialer Interface 
. 
Telephone Tone Ringer 
. 


Speakerphone 
Network 
. 


Speech Network 
and Dialer Interface 
. 


CVSD Modulator/Demodulator 
(3 Bit Algorithm) 
. 
Speakerphone 
Network 
. 


Low Power Audio Amplifier 
. 
Subscriber 
Loop Interface 
Circuit 
. 


High Performance 
Current 
Mode Controller 
. 


Speech Network 
and Dialer Interface 
. 


X25 
Protocol Controller 
(XPC) 
. 
Multi 
Link LAPD Protocol Controller 
. 


Voice Memory 
Address 
Controller 
. 


Crosspoint 
Switch 
(4 x 4 x 1) 
. 


PCM Transcoder 
. 


Quad Line Driver 
. 


Quad Line Driver 
. 


Page 
Number 


3-2 


3-37 
3-50 
3-50 
3-68 
3-50 
3-50 
3-84 
3-92 
3-107 
3-107 
3-11 5 
3-1 19 
3-122 
3-128 
3-128 
3-128 
3-128 
3-143 
3-163 
3-143 
3-166 
3-324 
3-171 
3-195 
3-216 
3-224 
3-239 
3-256 
3-264 
3-278 
3-279 
3-294 
3-314 
3-323 
3-324 
3-278 
3-337 
3-349 
3-363 
3-364 
3-490 
3-370 
3-370 


Device 
Number 


MC145100 
MC145402 
MC145406 
MC145411 
MC145412 
MC145413 
MC145414 
MC145415 
MC145418 
MC145419 
MC145421 
MC145422 
MC145425 
MC145426 
MC145428 
MC145429 
MC145432 
MC145433 
MC145436 
MC145439 
MC145440 
MC145441 
MC145442 
MC145443 
MC145445 
MC145450 
MC145472 
MC145474 
MC145488 
MC145500 
MC145501 
MC145502 
MC145503 
MC145505 
MC145516 
MC145532 
MC145601 
MC145611 
TCA3381 
TCA3382 
TCA3383 
TCA3385 
TCA3386 
TCA3388 
TCA4901 
TCA4905 


Crosspoint 
Switch 
(4 x 4 x 1) 
. 


13 Bit Linear CODEC 
. 
RS232N28 
Driver-Receiver 
. 
Bit Rate Generator 
. 
Pulse/fone 
Repertory 
Dialer 
. 


Pulse/fone 
Repertory 
Dialer 
. 


Dual Tunable Lowpass 
Filter 
. 
Dual Linear Phase Lowpass 
Filter 
. 


Digital Loop Transceiver 
(Master) 
. 


Digital 
Loop Transceiver 
(Slave) 
. 


160KBPS 
ISDN UDLT (Master) 
. 


Universal 
Digital Loop Transceiver 
(UDLT) 
. 


160KBPS 
ISDN UDLT (Slave) 
. 


Universal 
Digital Loop Transceiver 
(UDLT) 
. 


Data Set Interface 
. 


Telset Audio 
Interface 
. 


Notch/Bandpass 
2600Hz 
Tone Filter 
. 


Tunable Notch/Bandpass 
Tone Filter 
. 


DTM F Receiver 
. 


PCM Transcoder 
. 


300BPS 
Modem 
Bandpass 
Filter (Bell 103) 
. 


300BPS 
Modem 
Bandpass 
Filter (CCITT V.21) 
. 


Single Chip V21 
Modem 
. 


Single Chip Bell 103 
Modem 
. 


o - 600 
BPS Modem 
(Bell 103/CCITT 
V.21) 
. 


o - 1800 
BPS Modem 
(Bell 202/CCITT 
V.23) 
. 


ISDN "U" 
Interface Transceiver 
. 


ISDN "S/f" 
Interface 
Transceiver 
. 


ISDN Dual Data Link Controller 
. 


Single Chip PCM CODEC/Filter 
. 


Single Chip PCM CODEC/Filter 
. 


Single Chip PCM CODEC/Filter 
. 


Single Chip PCM CODEC/Filter 
. 


Single Chip PCM CODEC/Filter 
. 


Pulse/fone 
Repertory 
Dialer and Flash 
. 


ADPCM Transcoder 
. 


Time Slot Interchange 
Circuit 
. 


PCM Conference 
Circuit 
. 


Ring Signal Impedance 
Matching 
Circuit 
. 


Ring Detection 
and Loudspeaker 
Amplifier 
Circuit 
. 


Telephone 
Set Transmission 
Circuit 
. 
Telephone 
Ring Signal Converter 
. 


Feature Telephone Set I.C. 
. 
. 
Speech Circuit 
. 
High Voltage Subscriber 
Line Interface 
(HV MALC) 
. 


PCM Subscriber 
Line Circuit 
(LV MALC) 
. 
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3-364 
3-374 
3-380 
3-387 
3-390 
3-390 
3-391 
3-398 
3-403 
3-403 
3-417 
3-430 
3-417 
3-430 
3-449 
3-462 
3-471 
3-477 
3-483 
3-490 
3-501 
3-507 
3-513 
3-513 
3-522 
3-527 
3-533 
3-534 
3-538 
3-546 
3-546 
3-546 
3-546 
3-546 
3-567 
3-575 
3-576 
3-577 
3-578 
3-582 
3-593 
3-604 
3-605 
3-606 
3-610 
3-611 
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Selector Guide and 
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Device 
Number 


MODEMS 


MC143403 
MC143404 
MC14411 
MC14412 
MC145402 
MC145406 
MC145411 
MC145440 
MC145441 
MC145442 
MC145443 
MC145445 
MC145450 
MC6172 
MC6173 


Quad Line Driver 
. 
Quad Line Driver 
. 
Bit Rate Generator 
. 
o - 600 
BPS Modulator 
(Bell 1031V21) 
. 
13 Bit Linear CODEC 
. 
RS2321V28 
Driver-Receiver 
. 
Bit Rate Generator 
. 
300 
BPS Modem 
Bandpass 
Filter (Bell 103) 
. 


300 
BPS Modem 
Bandpass 
Filter (CCITT V21) 
. 
Single Chip V21 
Modem 
. 
Single Chip Bell 103 
Modem 
. 
o - 600 
BPS Modem 
(Bell 1031V21) 
. 
0- 
1200 
BPS Modem 
(Bell 2021V23) 
. 
2400 
BPS Digital Modulator 
(DPSK) 
. 
2400 
BPS Digital Demodulator 
(DPSK) 
. 


MC141500 
MC14408 
MC14409 
MC14410 
MC14419 
MC145412 
MC145413 
MC145516 
MC33129 
MC34010 
MC34011 
MC34012 
MC34013 
MC34014 
MC34017 
MC34018 
MC34114 
MC34118 
MC34119 
MC34129 
MC34214 
TCA3381 
TCA3382 
TCA3383 
TCA3385 
TCA3386 
TCA3388 


Voice Memory 
Address 
Controller 
. 
Binary to Phone Pulse Converter 
. 
Binary to Phone Pulse Converter 
. 


2 of 8 Tone Encoder 
. 
2 of 8 Keypad to Binary Encoder 
. 


Pulse/Tone 
Repertory 
Dialer 
. 
Pulse/Tone 
Repertory 
Dialer 
. 


Pulse/Tone 
Repertory 
Dialer and Flash 
. 
High Performance 
Current 
Mode Controller 
. 
Electronic 
Telephone 
Circuit 
(with 
MCU Interface) 
. 


Electronic 
Telephone 
Circuit 
. 


Telephone Tone Ringer 
. 


Speech Network 
and Tone Dialer 
. 
Speech Network 
and Dialer Interface 
. 
Telephone Tone Ringer 
. 


Speakerphone 
Network 
. 
Speech Network 
and Dialer Interface 
. 
Speakerphone 
Network 
. 


Low Power Audio Amplifier 
. 


High Performance 
Current 
Mode Controller 
. 
Speech Network 
and Dialer Interface 
. 


Ring Signal Impedance 
Matching 
Circuit 
. 


Ring Detection 
and Loudspeaker 
Amplifier 
Circuit 
. 
Telephone 
Set Transmission 
Circuit 
. 
Telephone 
Ring Signal Converter 
. 


Feature Telephone Set I.C. . 
. 


Speach Circuit 
. 


Page 
Number 


3-370 
3-370 
3-119 
3-122 
3-374 
3-380 
3-387 
3-501 
3-507 
3-213 
3-513 
3-522 
3-527 
3-84 
3-92 


3-363 
3-107 
3-107 
3-11 5 
3-166 
3-390 
3-390 
3-567 
3-324 
3-1 71 
3-195 
3-216 
3-224 
3-239 
3-256 
3-264 
3-278 
3-294 
3-314 
3-324 
3-278 
3-578 
3-582 
3-593 
3-604 
3-605 
3-606 


Device 
Number 


MC142100 
MC14413-1 
MC14413-2 
MC14414-1 
MC14414-2 
MC14416 
MC14417 
MC14418 
MC145100 
MC145414 
MC145415 
MC145436 
MC145500 
MC145501 
MC145502 
MC145503 
MC145505 
MC145601 
MC145611 
MC34115 
MC34120 
MC3417 
MC3418 
MC3419-1 
L 
MC3517 
MC3518 
TCA4901 
TCA4905 


Crosspoint 
Switch 
(4 x 4 x 1) 
. 
PCM Bandpass/Lowpass 
Filter (CCITT) 
. 
PCM Bandpass/Lowpass 
Filter (D3/D4) 
. 


PCM Dual Lowpass 
Filter (CCITT) 
. 


PCM Dual Lowpass 
Filter (D3/D4) 
. 


Time Slot Assigner 
Circuit (Serial) 
. 
Time Slot Assigner 
Circuit 
(Parallel) 
. 


Time Slot Assigner 
Circuit 
(Programmable) 
. 


Crosspoint 
Switch 
(4 x 4 x 1) 
. 


Dual Tunable Lowpass 
Filter 
. 


Dual Linear Phase Lowpass 
Filter 
. 


DTM F Receiver 
. 
Single Chip PCM CODEC/Filter 
. 


Single Chip PCM CODEC/Filter 
. 
Single Chip PCM CODEC/Filter 
. 
Single Chip PCM CODEC/Filter 
. 
Single Chip PCM CODEC/Filter 
. 


Time Slot Interchange 
Circuit 
. 
PCM Conference 
Circuit 
. 
CVSD Modulator/Demodulator 
(3 Bit Algorithm) 
. 


Subscriber 
Loop Interface 
Circuit 
. 
CVSD Modulator/Demodulator 
(3 Bit Algorithm) 
. 


CVSD Modulator/Demodulator 
(4 Bit Algorithm) 
. 


Subscriber 
Loop Interface 
Circuit 
. 


CVSD Modulator/Demodulator 
(3 Bit Algorithm) 
. 


CVSD Modulator/Demodulator 
(4 Bit Algorithm) 
. 


High Voltage Subscriber 
Line Interface 
(HV MALC) 
. 
PCM Subscriber 
Line Circuit 
(LV MALC) 
. 


MC 142103 
PCM Transcoder 
. 


MC145432 
Notch/Bandpass 
2600 
Hz Tone Filter 
. 


MC145433 
Tunable Notch/Bandpass 
Tone Filter 
. 


MC145439 
PCM Transcoder 
. 


MC145532 
ADPCM Transcoder 
. 


Page 
Number 


3-364 
3-128 
3-128 
3-128 
3-128 
3-143 
3-163 
3-143 
3-364 
3-391 
3-398 
3-483 
3-546 
3-546 
3-546 
3-546 
3-546 
3-576 
3-577 
3-279 
3-323 


3-50 
3-50 
3-68 
3-50 
3-50 


3-610 
3-611 


3-490 
3-471 
3-477 
3-490 
3-575 


DSP56001 
56 Bit General Purpose Digital Signal Processor 
3-2 
DSP56200 
Cascadable Adaptive 
Finite Impulse 
Response Digital Filter 
3-37 


EI 


Device 
Number 


MC145418 
MC145419 
MC145421 
MC145422 
MC145425 
MC145426 
MC145428 
MC145429 
MC145472 
MC145474 
MC145488 
MC33129 
MC34129 


Digital Loop Transceiver 
(Master) 
. 


Digital 
Loop Transceiver 
(Slave) 
. 
160K 
BPS ISDN UDLT (Master) 
. 


Universal 
Digital Loop Transceiver 
(Master) 
. 


160K 
BPS ISDN UDLT (Slave) 
. 


Universal 
Digital Loop Transceiver 
(Slave) 
. 


Data Set Interface 
. 


Telset Audio 
Interface 
. 


ISDN "U" 
Interface Transceiver 
. 


ISDN "S/T" 
Interface Transceiver 
. 
ISDN Dual Data Link Controller 
. 
High Performance 
Current 
Mode Controller 
. 


Low Power Switching 
Power Supply 
. 


Page 
Number 


3-403 
3-403 
3-417 
3-430 
3-417 
3-430 
3-462 
3-403 
3-533 
3-534 
3-538 
3-324 
3-324 


MC68605 
X.25 
Protocol Controller 
(XPC) 
3-337 
MC68606 
Multi 
Link LAPD Protocol Controller 
3-349 


AMS3201 
APTEK 
AMS3210 
APTEK 
AMS3870 
APTEK 
AM79C30 
AMD 
AM79C31 
AMD 
AM79C32 
AMD 
AM79C33 
AMD 
AM79C36 
AMD 
AM7901 
AMD 
AM7905 
AMD 
AM7910 
AMD 
AM7911 
AMD 
AM7950 
AMD 
AM7953 
AMD 
AY-5-9151 
Gen.lnstr 
BA6571 
Rohm 
CD22100 
RCA 
CD22101 
RCA 
CD22103 
RCA 
CD22204 
RCA 
CD22419 
RCA 
C5262 
Cherry 


CS3401 7 
Cherry 


DF320/320A/322A 
Siliconix 


DF320/321/322/323 
ITT 
DF820 
Siliconix 


EFB7310 
Thomson 
EFB7446 
Thomson 
EF7332 + 7333 
Thomson 
EF7910 
Thomson 
ETC5040 
Thomson 
ETC5051/54/56/57 
Thomson 
ETC5064/67 
Thomson 
GA6112 
Rohm 
G8870 
GTE 
HC5501/02/04/08 
Harris 
HC5521 
Harris 
HC5541 
Harris 
HC5552/53/54/57 
Harris 
HC5560 
Harris 
HC5570 
Harris 
HD4421 0/11 /12 
Hitachi 
HD44230/31/32/33/34 
Hitachi 
HD44235/36/37/38 
Hitachi 
HD44247/48 
Hitachi 


HD44270A 
Hitachi 
ITT90 + 91 + 92 
ITT 
LB 1020 + 1021 
ATT (SGS) 
LM386 
NSC 
LR3N3 
Sharp 
LR3N31 
Sharp 
LR3N33 
Sharp 
LR40981/982 
Sharp 
LR40991/992 
Sharp 
LR40993/994 
Sharp 
LR4803 
Sharp 
LS1240 
SGS 
LS1241 
SGS 


DTMF Receiver 
DTM F Receiver 
DTMF Receiver (MITEL) 
ISDN S/T Interface 
ISDN S Interface Transc. 
ISDN S Interface Transc. 
ISDN U Interface Transc. 
ISDN Term. Power Contr. 
COMBO (SLAC) 
COMBO (SLAC) 
V21/V23 
Modem 
V21/V23 
Modem 
SUC 
SUC 
Pulse Dialer 
Handsfree Speakerphone 
Crosspoint Switch 
Crosspoint Switch 
Transcoder 
DTM F Receiver 
SUC 
Handsfree Speakerphone 
Tone Ringer 
Pulse Dialer 
Pulse Dialer (Siliconix) 
Pulse Dialer 
Crosspoint Switch (RCA) 
Transcoder 
Transcoder 
V21/V23 
Modem (AMD) 
PCM Filter (NSC TP3040) 
COMBO (NSC TP3051 
... ) 
COMBO (NSC TP3064) 
Handsfree Speakerphone 
DTMF Receiver (MITEL) 
SUC 
SUC 
Pulse/DTMF 
Dialer 
COMBO (NSC TP3052 
... 
) 
Transcoder 
V21 
Modem 
COMBO 
COMBO 
COMBO 
COMBO 
SUC 
Handsfree Speakerphone 
Handsfree Speakerphone 
Teleph. Loudsp. Amp. 
Tone Ringer 
Telephone Speech Circuit 
Handsfree Speakerphone 
Pulse Dialers (MOSTEK) 
Pulse Dialers (MOSTEK) 
Pulse Dialers 
Pulse/DTMF 
Rep. Dialer 
Tone Ringer 
Tone Ringer 


Nearest 
Motorola 
Equivalent 


MC145436 
MC145436 
MC145436 
MC145474 
+ MC145500 
MC145474 
MC145474 
MC145472 
MC34129 
MC145500/01/02/03/05 
MC145500/01/02/03/05 
MC145442 
(V21) 


MC145442 
(V21) 
MC3419 
- 1L 
MC3419 
- 1L 
MC145409 
MC34018 
or MC34118 


MC142100* 
MC142101* 
MC142103* 
MC145436 
MC3419 
- 1L 
MC34018 
or MC34118 


MC34017* 
MC145409 
MC145409 
MC145409 
MC142100* 
MC142103 
MC142103 
MC145442 
MC4413/14 
MC145500/01/02/03/05 
MC145500/01/02/03/05 
MC34018 
or MC34118 


MC145436 
MC3419 
- 1L 
MC3419 
- 1L 
MC145410 
MC145500/01/02/03/05 
MC145439* 
MC145442 
MC145500/01/02/03/05 
MC145500/01/02/03/05 
MC145500/01/02/03/05 
MC145500/01/02/03/05 
MC3419 
- 1L 
MC34018 
or MC34118 


MC34018 
or MC34118 


MC34119 
MC34017 
MC34014 
MC34018 
or MC34118 


MC145409 
MC145409 
MC145409* 
MC145412/13 
MC34017 
MC34017 


Nearest 
Device 
Type 
Supplier 
Description 
Motorola 
Equivalent 


LS156 
SGS 
Telephone Speech Circuit 
MC34014 
LS285/288 
SGS 
Telephone Speech Circuit 
MC34014 
LS356/388/588/656 
SGS 
Telephone Speech Circuit 
MC34014 
L3000 
+ 3010 
SGS 
SUC (Hi Volt + Low Volt) 
MC3419 
- 1L 
L3240 
SGS 
Tone Ringer 
MC34017 
MB87003/004 
Fujitsu 
Pulse/DTM F Dialer 
MC145410 
D 


MH88500 
Mitel 
SUC 
MC3419 
- 1L 
MJ1471 
Plessey 
Transcoder 
MC142103* 


MK50981/82/91/92 
Thomson 
Pulse Dialer 
MC145409 
Mostek 
MK5102 
Thomson 
DTMF Decoder 
MC145436 
Mostek 
MK5370N/71 
N/72N 
Thomson 
Pulse/DTM F Dialer 
MC145410 
Mostek 
MK5375N/76N 
Thomson 
Pulse/DTMF 
Rep. Dialer 
MC145412/13 
Mostek 
ML8204/05 
Mitel (SGS) Tone Ringer 
MC34017 
MSM6926RS 
OKI 
V21 Modem 
MC145442 
MT3506/07 
Mitel 
COMBO 
MC145500/01/02/03/05 
MT4320/22/23 
Mitel 
Pulse Dialer (Siliconix) 
MC145409 
MT4325/26/27 
Mitel 
Pulse Dialer 
MC145409 
MT5501 
Mitel 
Pulse/DTMF 
Dialer 
MC145410 
MT8860/62/63 
Mitel 
DTM F Decoder 
MC145436 
MT8870 
Mitel 
DTMF Receiver 
MC145436 
MT8912 
Mitel 
PCM Filter (Intel) 
MC14413/14 
MT8930 
Mitel 
ISDN S Interface Transc. 
MC145474 
MT8952 
Mitel 
HDLC Controller 
MC145488 
MT8960/61/62 
Mitel 
COMBO 
MC145500/01/02/03/05 
MT8963/64/65 
Mitel 
COMBO 
MC145500/01/02/03/05 
MT8972 
Mitel 
ISDN U Interface Transc. 
MC145472 
M22100 
SGS 
Crosspoint 
Switch 
(RCA) 
MC142100* 


M22101 
SGS 
Crosspoint 
Switch 
(RCA) 
MC142101* 


M2560A 
SGS 
Pulse Dialer (AMI) 
MC145409 
M3326/27 
SGS 
Pulse Dialer 
MC145409 
M5912 
SGS 
PCM Filter (Intel) 
MC14413/14 
M5913/14/16/17 
SGS 
COMBO (Intel) 
MC145500/01/02/03/05 
M947/956/957/977 
Teltone 
DTM F Receiver 
MC145436 
PBL3725/26 
Rifa 
Telephone Speech Circuit 
MC34014 
PBL3781 
Rifa 
Telephone Speech Circuit 
MC34014 
PBL3785 
Rifa 
Tone Ringer 
MC34017 
PBM3910 
Rifa 
Handsfree Speakerphone 
MC34018 
or MC34118 
PCD3310 
Philips 
Pulse/DTM F Dialer 
MC145410 
PCD3315 
Philips 
Pulse/DTMF 
Rep. Dialer 
MC145516 
PCD3320/21/22/23/25 
Philips 
Pulse Dialer 
MC145409 
PCD3360 
Philips 
Tone Ringer 
MC34017 
PCD4410 
Philips 
Pulse/DTMF 
Dialer 
MC145410 
PEB2060 
Siemens 
COM BO (Sicofi) 
MC145500/01/02/03/05 
PEB2070 
Siemens 
LAP D Controller 
MC145488 
PEB2080 
Siemens 
ISDN S Interface Transc. 
MC145474 
PEB2090 
Siemens 
ISDN U Interface Transc. 
MC145472 
PEB2095 
Siemens 
Burst Controller 
MC145421/25 
(UDLT2) 
SC11203/204 
Sierra Sc. 
DTMF Receiver (SSI) 
MC145436* 
SS1203/204 
Silicon 
DTM F Receiver 
MC145436* 
System 
S2550 
AMI 
Speech Circt. + Tone Ringer 
MC34014 
+ MC3401 
7 
S2551 
AMI 
Speech Circt. + Tone Ringer 
MC34014 
+ MC34017 
S2552 
AMI 
Speech Circt. + Pulse dial 
MC34014 
+ MC145409 
S2553 
AMI 
Speech Circt. + DTMF Dial. 
MC34014 
+ MC14410 
S2560 
AMI 
Pulse Dialer 
MC145409 
S2560A 
AMI 
Pulse Dialer 
MC145409 
S2561A 
AMI 
Tone Ringer 
MC34017 
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S2563A 
S2570171/73 
S2575 
S3506/07 
S3530 
S44231/32/33/34 
S7230 
S7283 
TA31 008 
TA31023 
TA7331 
TBA820 
TBA915G 
TCM 1501 A/06A/ 
09A/12A 
TCM1705/06 
TCM2222 
TCM2912 
TCM2913/14/16/17 
TCM4201 
+ 4202 
TDA7050 
TDB3111 
+ 3311 
TEAl 042 
TEAl 046 
TEAl 060/61/67/68 
TEA3046/47 
TEA7030/36/37 
TEA7531 
TMS99534A 
TP3040 
TP3051/52/53/54 
TP3056/57 
TP3064/67 
TP3200/01 
TP50981/82/85 
TP53190 
TP5700 
UAB1023 
UA3054/57 
UA5800 
ULN2283 
UPC1218 
UPD22100 
XR-T6420 
+ T6421 
29C48 
29C51 
29C53 
2912 
2913/14/16/17 
4913/14/16/17 


AMI 
AMI 
AMI 
AMI 
AMI 
AMI 
Seiko 
Seiko 
Toshiba 
Toshiba 
Toshiba 
SGS 
Philips 
Texas 


Pulse/DTM F Rep. Dialer 
Pulse/DTMF 
Dialer 
Pulse/DTMF 
Rep. Dialer 
COMBO (Mitel) 
V21 Modem 
COMBO (Hitachi) 
Pulse/DTMF 
Dialer 
Pulse/DTM F Rep. Dialer 
Telephone Speech Circuit 
Telephone Speech Circuit 
Telephone Loudsp. Ampli. 
Telephone Loudsp. Ampli 
Telephone Loudsp. Ampli. 
Tone Ringer 


Texas 
Telephone Speech Circuit 
Texas 
Transcoder 
Texas 
PCM Filter (Intel) 
Texas 
COMBO (Intel) 
Texas 
SUC 
Philips 
Telephone Loudsp. Ampli. 


Thomson 
SUC (Hi Volt + Low volt) 
Philips 
Handsfree Speakerphone 
Philips 
Speech Circt. + DTMF Dial. 


Philips 
Telephone Speech Circuit 
Thomson 
Speech + DTMF Circt. (GMY) 
Thomson 
Speech + DTMF Circt. (FRA) 
Thomson 
Telephone Loudsp. Ampli. 


Texas 
V21 Modem 
National Sc. PCM Filter 
National Sc. COMBO 
National Sc. COM BO 
National Sc. COMBO 
National Sc. SUC 
National Sc. Pulse Dialer (Mostek) 
National Sc. Pulse Dialer 
National Sc. Telephone Speech Circuit 
ITT 
COMBO 
Fairchild 
COMBO (NSC TP3054/57) 
Fairchild 
SUC 
Sprague 
Telephone Loudsp. Ampli. 


NEC 
Telephone Loudsp. Ampli. 
NEC 
Crosspoint Switch (RCA) 
Exar 
Handsfree Speakerphone 
Intel (Harris)ISDN COMBO 
Intel 
COMBO 
Intel (Harris)ISDN S Interface Transc. 
Intel 
PCM Filter 
Intel 
COMBO 
Intel 
COMBO 


Nearest 
Motorola 
Equivalent 


MC145412/13 
MC145410 
MC145516 
MC145500/01/02/03/05 
MC145442 
MC145500/01/02/03/05 
MC145410 
MC145516 
MC34014 
MC34014 
MC34119 
MC34119 
MC34119 
MC34017 


MC34014 
MC142103 
MC14413/14 
MC145500/01/02/03/05 
MC3419- 
1L 
MC34119 
MC3419 
- 1L 
MC34018 
or MC34118 
MC34014 
+ MC14410 
MC34014 
MC34014 
+ MC1441 0 
TCA3381 
+ 82 + 83 
MC34119 
MC145442 
MC14413/14 
MC145500/01/02l03/05 
MC145500/01/02/03/05 
MC145500/01/02/03/05 
MC3419 
- 1L 
MC145409 
MC145409 
MC34014 
MC145500/01/02/03/05 
MC145500/01/02l03/05 
MC3419 
- 1L 
MC34119 
MC34119 
MC142100* 
MC34018 
or MC34118 
MC145500/01/02l03/05 
MC145500/01/02/03/05 
MC145474 
MC14413/14 
MC145500/01/02/03/05 
MC145500/01/02/03/05 
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® MOTOROl.A 


NEW ISDN 
DEVICES 


In addition to the devices included in this data book, Motorola wishes to announce the 


following devices presently under development. and for which insufficient data was available at 
the time of going to press. Please contact your local Motorola sales office if you need more 
details. 


MC145474: 


MC145480: 


MC145487: 


MC145488: 


ISDN "U" Interface transceiver 
* 
transmits/receives 
160K bits/s 
of data on 2 wires 


* 
uses IDL* for data transfer 


* 
uses 281 Q block code for data transmission on the line as defined by the 
T1D1 committee. 


ISDN "SIT" Interface transceiver (see Product Preview) 


Enhanced codec/filter 
with IDL interface 


ISDN Terminal rate adapter, with IDL interface 


Dual data link controller (see Product Preview). 


*IDL = Interchip digital link. Standard Motorola bus used for the interchange of data between 
ISDN devices. 


ISDN BASIC TERMINALS 


S/T 


XCVR 


SWITCHING 
REGULATOR 


+5V 


1 TO 2 KM 
160 
KBPS 


+5V 


-5V 


+5V 


·5 V 


UNIVERSAL 
DATA LINK 
CONTROLLER 
(0 CHANNEL) 


TELESET AUDIO 
INTERFACE 


POWER DOWN 


BUFFER 
RAM 


} 


TO EXISTING 
TERMINAL 
EQUIPMEMT 


ISDN 
NETWORK TERMINATION 
1 


MC145472 
U TRANSCEIVER 
MC145474 
SIT TRANSCEIVER 


MAINTENANCE 
PROCESSOR 


II 


Data Sheets II 


II 


® MOTOROLA 


Technical 
Summary 
56-Bit General Purpose Digital Signal Processor 


This document 
provides 
a technical 
summary 
of the architecture 
and instruction 
set for the DSP56001, 
a fourth 
generation, 
low power, 
HCMOS, user-programmable 
digital 
signal processor. 
The DSP56001 is a 
member 
of Motorola's 
family 
of general 
purpose 
Digital 
Signal Processors. 
The DSP56001 features 
512 
words 
of full speed on-chip 
program 
RAM memory, 
two preprogrammed 
data ROMs, and special on-chip 
bootstrap 
hardware 
to permit 
convenient 
loading 
of user programs 
into the program 
RAM. 
The core of the processor 
consists 
of three execution 
units operating 
in parallel - 
the data ALU, the 
address ALU, and the program 
controller. 
The DSP56001 has MCU-style 
on-chip 
peripherals, 
program 
and data memory, 
as well as a memory 
expansion 
port. The MPU-style 
programming 
model 
and instruc- 


tion set make the generation 
of efficient, 
compact 
code straightforward. 
The DSP56001 instruction 
set is 


identical 
to the DSP56000 instruction 
set. 


Core Features 
• 
10.25 Million 
Instructions 
Per Second (MIPS) 


• 
Single Cycle Data ALU 


24 x 24 • 56-Bit Parallel Multiply/Accumulate 
Two 56-Bit Accumulators 
Ten Data Registers 
Two Data Bus Shifter/Limiters 


• 
DSP Oriented 
Address 
ALU 
24 Address 
Registers 
- 
Dual Modulo 
Arithmetic 
Units 
- 
Linear, Modulo, 
and Bit Reversed Address 
Generation 
• 
Advanced 
Program 
Controller 
15 Level Hardware 
Stack 


- 
Nested Hardware 
DO Loops 


- 
No Overhead Auto-Return 
(Fast) Interrupts 


• 
Highly 
Orthogonal 
Instruction 
Set 
62 MPU-Style 
Instruction 
Types 
- 
Makes Pipeline 
Invisible 
- 
Suitable 
for High Level Language 
(HLL) Compilers 
• 
Multiple 
Buses 


Four Data Buses 
- 
Three Address 
Buses 


On-Chip 
MCU-StyJe Peripherals 
• 
24 Programmable 
I/O Port Pins or a Combination 
of I/O Port Pins and 
8-Bit Parallel Host MPU/DMA 
Interface 
Serial Communication 
Interface with 
Baud Rate Generator 
Synchronous 
Serial (Codec) Interface with Clock Generator 


On-Chip Memory 
• 
Two Independent 
256 x 24-Bit Data RAMs 


• 
Two 256 x 24-Bit Preprogrammed 
Data ROMs 
• 
512 x 24-Bit Program 
RAM 


Off-Chip 
Memory 
Expansion 
• 
128K x 24-Bit Data Memory 


• 
64K x 24-Bit Program 
Memory 


• 
Programmable 
Off-Chip Access Times (Wait States) 


The DSP56001 program 
memory 
contains 
512 words 
of high 
speed, 
on-chip 
Program 
RAM (PRAM). 
The 
DSP56001 PRAM can be loaded with the user's program 
after power-up 
reset. The bootstrap 
mode, described 
in 
Appendix 
I, provides 
a convenient, 
low cost method 
to 
load the DSP56001 PRAM. 
The PRAM DSP56001 offers many advantages: 


• 
The DSP56001 is an off-the-shelf 
product 
because it 
contains user programmable 
PRAM instead of factory 
programmable 
ROM. 


• 
PRAM allows quick program 
development. 


• 
On-chip 
PRAM operates 
at the full 
DSP56001 speed 
with 
no bus contention 
with 
external 
Data Memory 
space accesses. 


• 
Programs 
can be changed 
dynamically, 
allowing 
ef- 
ficient overlaying 
of DSP software 
algorithms. 


• 
The user can write to PRAM from an application 
pro- 
gram using the MOVEM instruction. 


• 
The bootstrap 
mode allows the designer to easily in- 
itialize the PRAM. Bootstrap 
mode can: 
load PRAM from a single, inexpensive 
EPROM 
load PRAM through 
the Host Interface from a mi- 
croprocessor. 


{ 


MOoAlIRQA 


INTERRUPT 
AND 
MooB/lRQB 
MODE 
CONTROL 
RESET 


The DSP56001 is an aa-pin integrated 
circuit available 
in surface 
mount 
or pin-grid 
array packaging. 
Its input 
and output 
signals 
are organized 
into seven functional 
groups which are listed below and shown 
in Figure 1. 
Address 
and Data Buses 
Bus Control 
Interrupt 
and Mode Control 
Power and Clock 
Host Interface or PliO 
SCI Interface or PliO 
SSI Interface or PliO 
Descriptions 
of the signals in each group are given in the 
following 
paragraphs. 


ADDRESS 
AND DATA BUS 


The following 
paragraphs describe the address and data 
bus signals. 


Address 
Bus IAO-A1S) 


These three-state 
output 
pins specify the address for 
external program 
and data memory accesses. AO-A15 do 
not change state when external 
memory 
spaces are not 
being accessed in order to minimize 
power dissipation. 


~ 
~ 
16 
} 
./ 
PBO-PBl 
, 
, 


24 
PB8 
, 
PB9 


PBIO 


PBll 


PBI2 


PBI3 


0 
PB14 
C) 
«> 
'" 
PCO 
"-'"Cl 
PCI 


PC2 


PC3 


PC4 


PCS 


PC6 


PCl 


PC8 


XTAL 


EXTAL 


HOST 
DATA 
BUS 


HO-Hl 
OR PORT 
B 110 


HAO 


HAl 


HA2 


HRIW 
HOST 
CONTROL 


OR PORT 
B 1/0 


HEN 


HREQ 


HACK 


RXo }",,,,., 
TXo 
OR PORT 
CliO 


SCLK 


SCO 


SCI 


SC2 
SSI 
SERIAL 


SCK 
OR PORT CliO 


SRo 


STo 


II 


II 


Data Bus (00-023) 


These pins provide 
the bidirectional 
data bus for ex- 


ternal 
program 
and data memory 
accesses. DO-D23 are 


in the high-impedance 
state when the bus grant signal 
is asserted in order to minimize 
power dissipation. 


BUS CONTROL 


The following 
paragraphs 
describe 
the 
bus control 
signals. 


Program 
Memory 
Select (PS) 


This three-state 
output 
is asserted only when external 
program 
memory 
is referenced. 


Data Memory 
Select (OS) 


This three-state 
output 
is asserted only when external 
data memory 
is referenced. 


XIY Select (XIY) 


This 
three-state 
output 
selects 
which 
external 
data 
memory 
space (X or V) is referenced 
by data memory 
select DS. 


Read Enable (RD) 


This 
three-state 
output 
is asserted 
to 
read external 
memory 
on the data bus DO-D23. 


Write Enable (WR) 


This three-state 
output 
is asserted to write 
external 
memory 
on the data bus DO-D23. 


Bus Request (BR) 


The bus request input BR allows another device such 
as a processor or DMA controller 
to become the master 
of the external data bus DO-D23and external address bus 
AO-A15. When BR is asserted, the DSP56001 will release 
control of the external data bus DO-D23,address bus AO- 
A 15 and bus control pins PS, DS, xiV, RD, and WR. These 
pins will be placed in the high-impedance 
state and the 
bus grant, BG, output will be asserted. 


Bus Grant (BG) 


This three-state 
output 
is asserted to acknowledge 
an 
external 
bus request. 


INTERRUPT AND MODE CONTROL 


The following 
paragraphs 
describe the interrupt 
and 
mode control 
signals. 


Mode Select A, B (MOOA, MODB) or 
External Interrupt 
Request A, B (IRQA, IROB) 


These two inputs have two functions - 
1) to select the 
initial chip operating 
mode and, 2) to receive an interrupt 
request from 
an external source. MODA and MODB are 
read and internally latched in the DSPwhen the processor 
exits the RESET state. Several clock cycles after leaving 
the RESETstate, the MODA and MODB pins automatically 
change to external 
interrupt 
requests 
IRQA and IROB. 


After leaving the RESET state the chip operating 
mode 
can be changed 
by software. 
IROA and IROB may be 


programmed 
to be level sensitive or negative edge trig- 


gered. 


Reset (RESET) 


This input 
pin is used to reset the DSP56001. When 


RESET is asserted, the DSP56001 is initialized and placed 
in the RESET state. When the RESET signal is removed, 
the initial chip operating 
mode is latched from the MODA 
and MODB pins. 


POWER AND CLOCK 


The following 
paragraphs describe the power and clock 
signals. 


VCC and VSS 


VCC is the power input and VSS is ground. 


External Clock/Crystal 
Input (EXTAL) 


EXTAL may be used to interface 
the internal 
crystal 
oscillator 
input to an external crystal or an external clock. 


The maximum 
clock rate is 20.5 MHz. 


Crystal Output 
(XTAL) 


This output connects the internal crystal oscillator 
out- 


put to an external 
crystal. 
If an external 
clock is used, 


XTAL should not be connected. 


HOST INTERFACE 


The following 
paragraphs describe the Host Interface. 


Host Data Bus (HO-H7) 


This bidirectional 
data bus is used to transfer data be- 


tween the host processor and the DSP56001. This bus is 
an input unless enabled by a host processor read. HO-H7 
may be programmed 
as general purpose parallel 1/0 pins 


called PBO-PB7when the Host Interface is not being used. 


Host Address (HAO, HA1, HA2) 


These inputs 
provide 
the address selection 
for each 
Host Interface register. HAO-HA2 may be programmed 
as 


general purpose parallel 1/0 pins called PB8-PB10 when 
the Host Interface is not being used. 


Host ReadlWrite 
(HRJW) 


This input selects the direction 
of data transfer for each 
host processor access. HRtW may be programmed 
as a 


general 
purpose 
1/0 pin called PB11 when the Host In- 


terface is not being used. 


Host Enable (HEN) 


This input enables a data transfer on the host data bus. 


When HEN is asserted and HRtW is high, HO-H7 become 
outputs 
and DSP56001 data may be read by the host 
processor. When HEN is asserted and HRtW is low, HO- 
H7 become inputs and host data is latched inside the DSP 
when HEN is negated. Normally 
a chip select signal de- 


rived from 
host address decoding 
and an enable clock, 


is used to generate HEN. HEN may be programmed 
as a 


general 
purpose 
1/0 pin called PB12 when the Host In- 
terface is not being used. 


Host Request (HREO) 


This open-drain 
output signal is used by the D5P56001 
Host Interface to request service from the host processor, 
DMA controller 
or simple external controller. 
HREQ may 
be programmed 
as a general purpose I/O pin (not open- 
drain) called PB13 when the Host Interface 
is not being 
used. 


Host Acknowledge 
(HACK) 


This input 
has two functions 
- 
1) to provide 
a Host 
Acknowledge 
handshake 
signal for DMA transfers 
and, 


2) to provide 
a Host Interrupt 
Acknowledge 
compatible 
with 
MC68000 
Family 
processors. 
HACK may 
be pro- 
grammed 
as a general purpose 1/0 pin called PB14 when 
the Host Interface 
is not being used. 


SERIAL COMMUNICATIONS 
INTERFACE (SCII 


The following 
paragraphs 
describe the serial commu- 
nications 
interface. 


Receive Data (RXDI 


This input receives byte-oriented 
serial data and trans- 
fers the data to the 5CI Receive 5hift Register. Input data 
is sampled 
on the positive 
edge of the Receive Clock. 


RXD may be programmed 
as a general 
purpose 
1/0 pin 
called PCOwhen the 5CI RXD function 
is not being used. 


Transmit 
Data (TXD) 


This output transmits 
serial data from the 5CI Transmit 
5hift Register. Data changes on the negative edge of the 
transmit 
clock. This output 
is stable on the positive edge 
of the transmit 
clock. TXD may 
be programmed 
as a 
general 
purpose 
1/0 pin called 
PC1 when the 5CI TXD 
function 
is not being used. 


SCI Serial.Clock 
(SCLKI 


This bidirectional 
pin provides an input or output clock 
from which 
the transmit 
andlor 
receive baud rate is de- 
rived. 5CLK may be programmed 
as a general 
purpose 
1/0 pin called PC2when the 5CI 5CLK function is not being 
used. 


SYNCHRONOUS 
SERIAL INTERFACE (SSII 


The following 
paragraphs 
describe 
the synchronous 
serial interface. 


Serial Control 
Zero (SCOI 


This bidirectional 
pin is used for control 
by the 551 
serial interface. 
5CO may be programmed 
as a general 
purpose 
1/0 pin called PC3 when the 551 5CO function 
is 
not being used. 


Serial Control 
One (SC1) 


This bidirectional 
pin is used for control 
by the 551 
serial interface. 
5C1 may be programmed 
as a general 
purpose 
1/0 pin called PC4 when the 551 5C1 function 
is 
not being used. 


Serial Control 
Two (SC21 


This bidirectional 
pin is used for control 
by the 551 
serial interface. 
5C2 may be programmed 
as a general 
purpose I/O pin called PC5 when the 551 5C2 function 
is 
not being used. 


SSI Serial Clock (SCKI 


This bidirectional 
pin provides 
the serial bit rate clock 
for the 551 interface. 5CK may be programmed 
as a gen- 
eral purpose I/O pin called PC6 when the 551 interface is 
not being used. 


SSI Receive Data (SRDI 


This input pin receives serial data and transfers the data 
to 
the 
551 Receive 
5hift 
Register. 
5RD may 
be pro- 
grammed 
as a general purpose I/O pin called PC7 when 
the 551 5RD function 
is not being used. 


SSI Transmit 
Data (STD) 


This 
output 
pin transmits 
serial 
data 
from 
the 
551 
Transmit 
5hift 
Register. 5TD may be programmed 
as a 
general 
purpose 
I/O pin called PC8 when 
the 551 5TD 
function 
is not being used. 


D5P56001 architecture 
has been designed to maximize 
throughput 
in data intensive 
Digital 
5ignal 
Processing 
(D5P) applications. 
This objective 
has resulted 
in a dual 
natured, 
expandable 
architecture 
with sophisticated 
on- 
chip peripherals 
and general 
purpose 
1/0. It is dual na- 
tured in that there are two independen: 
expandable 
data 
memory 
spaces, two address arithmetic 
units, and a data 
ALU which 
has two 
accumulators 
and two shifterllimi- 
ters. The duality 
of the architecture 
makes it easier to 
write software 
for D5P applications. 
For example, data is 
naturally 
partitioned 
into X and Y spaces for graphics and 
image processing 
applications, 
into coefficient 
and data 
spaces for convolution 
sums, and into real and imaginary 
spaces for performing 
complex 
arithmetic. 


The major components 
of the D5P56001 are: 


Data Buses 
Address 
Buses 
Data ALU 
Address ALU 
X Data Memory 
Y Data Memory 
Program Controller 
Program 
Memory 
Bootstrap 
ROM 
Input/Output 
Expansion 
Port 
General Purpose I/O 
Host Interface 
5CI Interface 
551 Interface 
These components 
are depicted in Figure 2 and described 
in the following 
paragraphs. 
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~16 


EXTERNAL 
AOORESS 
BUS 
SWITCH 


PROGRAM 
AOORESS 
(PAl 


C01ROL 
X AOORESS 
(XAI 
Y AOORESS 
(YA) 


BOOTSTRAP 
PROGRAM 
X MEMORY 
Y MEMORY 
ROM 
MEMORY 
RAM 
AOORESS 
RAM 
32 X 24 
RAM 
256 X 24 
ALU 
256 X 24 
(FIXEO 
512 X 24 
ROM 
ROM 
PROGRAM) 
256 X 24 
256 X 24 
L- 


X OATA (XOI 
/24 


INTERNAL 
Y OATA (YO) 
, 
24 
EXTERNAL 
24 
OATA BUS 
OATA BUS ~ 
SWITCH 
PROGRAM 
OATA (POI 
24 
SWITCH 


GLOBAL OATA (GO) 
, 
/24 
, 


~ 
ON-CHIP 
PERIPHERALS 
CONTROL 


HOST 
i 


OATA ALU 
SSI 
24X24.56 
SCI 


~ 


PliO H 


MULTIPLYIACCUMULA TORS 
BUS CONTROL 
PROGRAM 
CONTROLLER 


{2 
f3 


DATA BUSES 


Data movement 
on the chip occurs over four bidirec- 
tional 24-bit buses - 
the X data bus (XD), the Y data bus 
(YD). the program 
data bus (PD). and the global data bus 
(GD). The X and Y data buses may also be treated 
by 
certain 
instructions 
as one 48-bit data bus by concaten- 
ation of XD and YD. Data transfers 
between the data ALU 
and the X data memory 
and Y data memory 
occur over 
XD and YD. XD and YD are kept local on the chip to 
maximize speed and minimize power dissipation. All other 
data transfers 
such as I/O transfers 
to peripherals 
occur 


over GD. Instruction 
word 
pre-fetches 
take place in par- 
allel over PD. Transfers between buses are accomplished 
in the internal 
bus switch. 


ADDRESS 
BUSES 


Addresses are specified for internal X data memory and 
Y data memory 
on two unidirectional 
16-bit buses - 
X 
address bus (XA) and Y address bus (YA). Program mem- 
ory addresses are specified on the program 
address bus 
(PAl. External memory spaces are addressed via a single 
16-bit unidirectional 
address bus driven by a three input 


multiplexer 
that can select either the X address bus (XA), 
the Y address bus (YAl. or the program address bus (PA). 
There is no speed penalty if only one external 
memory 
space is accessed in an instruction. 
If two or three ex- 
ternal memory spaces are accessed in a single instruction 
there will be a one or two instruction 
cycle, respectively, 
execution 
delay. A bus arbitrator 
controls 
external 
ac- 
cess. 


DATA ALU 


The data ALU has been designed 
to be fast and yet 
provide the capability 
to process signals having a wide 
dynamic 
range. Special circuitry 
has been provided 
to 
facilitate 
handling 
data overflows 
and roundoff 
errors. 
The data ALU performs all of the arithmetic 
and logical 
operations 
on data operands. The data ALU consists of 
four 24-bit input 
registers, two 48-bit accumulator 
reg- 
isters, two 8-bit accumulator 
extension 
registers, an ac- 
cumulator 
shifter, 
two 
data bus shifter/limiters, 
and a 
parallel single cycle non-pipelined 
multiply-accumulator 
(MAC) unit. Data ALU operations 
use fractional 
2's com- 
plement 
arithmetic. 
Data ALU registers may be read or 
written 
over XD and YD as 24- or 48-bit operands. 
The 
data ALU is capable of performing 
any of the following 
operations 
in a single instruction 
cycle - 
multiplication, 
multiply-accumulate 
with 
positive 
or negative 
accumu- 
lation, convergent 
rounding, 
multiply-accumulation 
with 
positive or negative accumulation 
and convergent 
round- 


ing, addition, 
subtraction, 
a divide 
iteration, 
a normali- 
zation iteration, shifting, and logical operations. Data ALU 
source operands 
may be 24-, 48-, or in some cases 56- 
bits and originate from data ALU registers. The data ALU 
destination 
is always one of the two 56-bit accumulators. 
The 24-bit data words provide 144 dB of dynamic range. 


This is sufficient 
for all real world applications 
since the 
majority of AIDs and D/As are 16 bits or less, and certainly 
not greater than 24 bits. The 56-bit accumulation 
internal 
to the data ALU provides 
336 dB of internal 
dynamic 
range 'so that there will 
be no loss of precision 
due to 


intermediate 
processing. 
The data shifter/limiters 
provide special post process- 
ing on data read from the ALU accumulator 
registers A 
and B out to the XD or YD data buses. Two independent 
shifter/limiter 
operations 
are used - 
one for XD and one 
for YD. 
The data shifters 
are capable of shifting 
data one bit 
to the left or one bit to the right as well as passing the 
data unshifted. 
Each data shifter has a 24-bit output with 
overflow 
indication. 
The data shifters are controlled 
by 
the scaling mode bits in the status register. These shifters 
permit dynamic scaling of fixed point data without 
mod 
itying the program code. This permits block floating-point 
algorithms 
to be implemented 
in a regular fashion. 
FFT 
routines for example, 
can use this feature to selectively 
scale each butterfly 
pass. 
Saturation 
arithmetic 
is provided 
to minimize 
errors 
due to overflow. 
Overflow is said to occur when a source 
operand 
requires more bits for accurate representation 
than there are available in the destination. 
For example, if the source operand were 01.100 (+ 1.5 
decimal) and the destination 
register were only four bits, 


the destin3tion 
register would 
contain 
1.100 (-1.5 
dec- 
imal) after the transfer assuming signed fractional 
arith- 
metic. This is clearly in error. Overflow 
has occurred. To 
minimize 
the error due to overflow 
it is preferrable 
to 
write 
the maximum 
(or 'limited') 
value the destination 
can assume in the destination. 
In the example, the 'Iim-' 


ited' value would be 0.111 (+ 0.875 decimal). This is clearly 
closer to + 1.5 than 
- 1.5 and therefore 
introduces 
less 
error. 
In the DSP56001 the data ALU accumulators 
A and B 
have extension 
bits. Therefore, when the extension 
bits 
are in use and either A or B is the source being read over 
XD or YD, limiting will occur. In the DSP56001 the limiters 
place a 'limited' 
value on XD or YD. Limiting 
is performed 
on the content of A or B after the content has been shifted 
in the shifter. There are two limiters. This allows two word 
operands 
to be limited 
independently 
in the same in- 
struction 
cycle. The two data limiters 
can also be com- 
bined 
to form 
one 48-bit 
data 
limiter 
for 
long 
word 
operands. 
If the contents 
of the selected source accu- 
mulator 
can be represented 
in the destination 
operand 
size without 
overflow 
(that is, the accumulator 
extension 
register is not in use) the data limiter is disabled and the 
operand 
is not modified. 
If the content 
of the selected 
source 
accumulator 
cannot 
be represented 
without 
overflow 
in the destination 
operand size, the data limiter 
will 
substitute 
a 'limited' 
data value having 
maximum 
magnitude 
and the same sign as the source accumulator: 


7FFFFF for 24-bit or 7FFFFF FFFFFF for 48-bit 
positive 
numbers, 
800000 for 24-bit or 800000 000000 for 48-bit 
negative numbers. The shifted value in the accumulator 
register 
itself is not changed and can be reused within 
the Data ALU. When limiting 
does occur a flag is set and 
latched. 


ADDRESS 
ALU 


The address ALU performs 
all of the address storage 
and effective address calculations 
necessary to address 
data operands 
in memory. 
It implements 
three types of 
arithmetic 
- 
linear, modulo, and reverse carry. This ALU 
operates in parallel with other chip resources to minimize 
address generation overhead. The address ALU contains 
eight address registers (RO-R7).eight offset registers (NO- 
N7), and eight modifier 
registers (MO-M7). The Rn are 16- 
bit registers which may contain an address or data. Each 
Rn register 
may be accessed for output to the XA, YA, 
and PA address buses. The Nn and Mn registers are 16- 
bit registers which are normally 
used to control updating 
of the Rn registers. 
Address ALU registers may be read or written 
via the 
global data bus as 16-bit operands. The Address ALU has 
two module arithmetic 
units which can generate two 16- 


bit addresses every instruction 
cycle - 
one for any two 
of the XA, YA, or PA buses. The address ALU can directly 
address 65,536 locations on the XA bus, 65,536 locations 
on the YA bus, and 65,536 locations on the PA bus - 
a 
total capability 
of 196,608 24-bit data words. 


MEMORIES 


Three independent 
memory 
spaces of the DSP56001, 
X Data, Y Data, and Program, are shown in Figure 3. The 
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memory 
spaces are configured 
by control 
bits in the Op- 
erating 
Mode Register (Figure 8). MA and MB control 
the 
Program 
Memory 
map 
and select the 
reset vector 
ad- 
dress. DE controls 
the X and Y Data Memory 
maps, en- 
abling 
the interna' 
X and Y data ROMs. 


X Da" Memory 


On-ehip 
X data RAM is a 24-bit wide 
internal 
memory 
which 
occupies 
the lowest 
256 locations 
in X memory 
space. The on-ehip 
X data ROM occupies 
locations 
256 
through 
511 in X data memory 
space when 
enabled 
by 
setting 
DE = 1 in the Operating 
Mode Register. The X data 
ROM is factory 
programmed 
with 
positive 
Mu-Iaw 
and 
A-law 
expansion 
tables 
(see Appendix 
II) useful 
in 
telecommunication 
applications. 
The on-chip 
peripherals 
occupy the top 64 locations. 
Addresses 
are received from 
the XA bus and data transfers 
to the data ALU occur on 
the XD bus. X memory 
may be expanded 
off chip. 


PROGRAM 
MEMORY 
SPACE 


$:If t----i 
INTERRUPT 
VECTORS 
OL- 
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OPERATING 
MODE 
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PROGRAM 
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RE ET 


PRAM 
INTERNAl 
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Y Da •• 
Memory 


On-chip 
Y data RAM. is a 24-bit wide 
internal 
memory 
which 
occupies 
the 
lowest 
256 locations 
in Y memory 
space. The on-chip 
Y data ROM occupies 
locations 
256 
through 
511 in Y data memory 
space when 
enabled 
by 
setting 
DE = 1. The Y data ROM is factory 
programmed 
with 
a full sine wave 
table 
(see Appendix 
III) useful 
for 
FFTs, DFTs, and waveform 
generation. 
The off-chip 
pe- 
ripherals 
are optimally 
mapped 
into the top ~ 
locations. 


Addresses 
are received 
from 
the YA bus and data trans- 
fers to the data ALU occur on the YO bus. Y memory 
may 
be expanded 
off chip. 


Program 
Memory 


On-chip 
program 
memory 
consists 
of a 512 location 
by 
24-bit RAM which 
is enabled 
by the MA and MB bits in 
the Operating 
Mode register. Addresses are received from 
the program 
control 
logic (usually 
the program 
counter). 


X DATA 
MEMORY 
SPACE 


Y DATA 
MEMORY 
SPACE 


o L...- 
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THE X AND Y DATA MEMORY 
MAPS 
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Rgure 
3. DSP56001 Memory 
Map 


EXTERNAL 
ERIPHERAlS 


EXTERNAL 
Y DATA 
MEMORY 


INTERNAL 
Y RAM 


Program 
memory 
may be written 
using MOVEM instruc- 
tions. The interrupt 
vectors for the on-chip resources are 
located in the bottom 
64 locations 
of program 
memory. 


Program 
memory 
may be expanded 
off-chip. 


BootstrllP 
ROM 


Bootstrap 
ROM is a 32 location 
by 24-bit factory 
pro- 
grammed 
ROM which is used only in the bootstrap 
mode, 


Operating 
Mode 1. The Bootstrap 
ROM is not accessible 
by the user and is disabled 
in normal 
operating 
modes. 


See Appendix 
I for a full 
description 
of the bootstrap 
feature 
of the DSP56001. 


PROGRAM CONTROLLER 


The program 
controller 
performs 
instruction 
prefetch, 


instruction 
decoding, 
hardware 
DO loop control, 
and ex- 
ception 
processing. 
It contains 
six directly 
addressable 
registers - 
the program 
counter 
(PC), loop address (LA), 
loop count (LC). status register (SR). operating 
mode reg- 
ister (OMR). and stack pointer 
(SP) - 
and a 15 level by 
32-bit system 
stack memory. 
The 16-bit PC can address 
65,536 locations 
in program 
memory 
space. 


INPUT/OUTPUT 


The I/O capability 
of the DSP56001 is extensive 
and 
advanced. 
This I/O structure 
facilitates 
interfacing 
into a 
variety 
of system 
configurations 
including 
multiple 
DSP56001 systems 
with 
or without 
a host 
processor, 


global bus systems with bus arbitration, 
and many serial 
configurations, 
all with minimal 
glue logic (see Figure 4). 
Each I/O interface 
has its own control, 
status, and data 
registers, 
and is treated 
as memory-mapped 
I/O by the 
DSP56001. Each interface has several dedicated 
interrupt 
vector 
addresses 
and control 
bits to enable/disable 
in- 
terrupts. 
This 
minimizes 
the overhead 
associated 
with 
servicing 
the device since each interrupt 
source can have 
its own service routine. The interrupt 
vectors can be pro- 
grammed 
to one of three maskable 
priority 
levels. 


Specifically, 
the I/O structure 
consists of an extremely 
flexible 
expansion 
port, Port A, and 24 additional 
I/O pins. 
These 
pins 
may 
be used as general 
purpose 
I/O pins 
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Figure 4. Interrupt 
and Peripheral 
Register Memory 
Maps 


called 
Port B and Port C, or allocated 
to <onon-chip 
pe- 
ripheral 
under 
software 
control. 
Three on-chip 
periph- 
erals are provided 
on the DSP56001 - 
an B-bit parallel 


host MPUIDMA 
interface, a serial communications 
inter- 
face (SCI), and a synchronous 
serial interf, ce (SSI). Port 
B is a 15-bit I/O interface which 
may be ",ed 
as general 
purpose I/O pins or as host MPU/DMA interfa:e 
pins. Port 
C is a 9-bit I/O interface 
which 
may be useJ as general 
purpose 
I/O pins or as SCI and SSI serial interface 
pins. 


These 
interfaces 
are described 
in the following 
para- 
graphs. 


Expansion 
Port (Port A) 


DSP56001 expansion 
port is designed to synchronously 
interface 
over 
a common 
24-bit data bus with 
a wide 
variety 
of memory 
and peripheral 
devices. They include 
high speed static RAMs, slower memory 
devices, as well 
as other DSPs and MPUs in master/slave 
configurations. 


This is possible because the expansion 
bus timing 
is pro- 
grammable. 
The expansion 
bus timing 
is controlled 
by a 
bus control 
register 
(BCRI. The BCR controls 
the timing 
of the bus interface 
signals 
RD and WR, and the data 
output 
lines. Each of the four memory 
spaces - 
X data, 


Y data, program data, and I/O, has its own 4-bit BCRwhich 
can be programmed 
for up to 15 WAIT states (one WAIT 
state is equal to a clock period 
or equivalently 
one-half 
of an instruction 
cycle). In this way external 
bus timing 
can be tailored 
to match the speed requirements 
of the 
different 
memory 
spaces. 


General Purpose I/O (Port B, Port C) 


Each Port Band C pin may be programmed 
as a general 
purpose 
I/O pin or as a dedicated 
on-chip 
peripheral 
pin 
under software 
control. A 9-bit port control 
register, PCC, 


is associated 
with 
port C which 
allows 
each port pin to 
be programmed 
for one of these two functions. 
The port 
control register associated with port B, PBC, contains only 
one bit which programs 
all 15 pins. Also associated with 
each general 
purpose 
port 
is a data direction 
register 
which 
programs 
the direction 
of each pin, and a data 
register for data I/O. Note that all these registers are read/ 
write making the use of bit manipulation 
instructions 
ex- 
tremely 
effective. 


HOST INTERFACE 


The Host Interface 
is a byte-wide 
full duplex 
parallel 
port which 
may be connected 
directly 
to the data bus of 
a host processor. 
The host processor 
may be any of a 
number 
of industry 
standard 
microcomputers 
or micro- 
processors, 
another 
DSP, 
or 
DMA 
hardware. 
The 
DSP56001 Host Interface 
has an B-bit bidirectional 
data 
bus HO-H7 (PBO-PB7) and seven dedicated 
control 
lines 
HAO, HAl, HA2, HRtW, HEN, HREQ, and HACK (PB9-PB151 
to control 
data transfers. 
The Host Interface 
appears as 
a memory 
mapped 
peripheral 
occupying 
eight 
bytes in 
the host processor 
address space. Separate transmit 
and 
receive data registers 
are double-buffered 
to allow 
the 
DSP56001 and host processor to transfer 
data efficiently 
at high speed. Host processor 
communication 
with 
the 
Host Interface 
is accomplished 
using standard 
host pro- 
cessor 
data move 
instructions 
and addressing 
modes. 
Handshake flags are provided for polled or interrupt driven 
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data transfers 
with 
the host processor. 
DMA hardware 
may be used with 
the handshake 
flags to transfer 
data 
without 
host processor 
intervention. 
One of the most innovative 
features of the Host Inter- 
face is the Host Command 
feature. With this feature the 
host processor 
can issue vectored 
exception 
requests to 
the 
DSP56001. 
The 
host 
may 
select 
anyone 
of 
32 
DSP56001 exception 
routines 
to be executed 
by writing 
a Vector Address Register in the Host Interface. This flex- 
ibility 
allows 
the host programmer 
to execute up to 32 
preprogrammed 
functions 
inside the DSP56001. For ex- 
ample, 
host exceptions 
can allow the host processor 
to 
read or write DSP56001 registers, X, Y, or program 
mem- 
ory locations, force exception 
handlers for SSI, SCI, IROA, 
and IROB exception 
routines, 
and perform 
c\i'ntrol 
and 
debugging 
operations 
if the appropriate 
exception 
rou- 
tines are implemented 
in the DSP56001 to do these tasks. 


SERIAL 
COMMUNICATION 
INTERFACE 


The Serial Communications 
Interface 
(SCI) provines 
a 
full-duplex 
port for serial communication 
to other D5Ps, 
microprocessors, 
or peripherals 
such as modems. 
The 
communication 
can be either direct or via R5232C-type 
lines. This interface uses three dedicated 
pins-transmit 
data (TXD), receive data (RXD), and 5CI serial clock (5CLK). 
It supports 
industry 
standard asynchronous 
bit rates and 
protocols 
as well 
as high 
speed (up to 2.5 Mbits/sec) 
synchronous 
data transmission. 
The asynchronous 
prQ- 
tocols 
include 
a multidrop 
mode for master/slave 
oper- 
ation. 
The Serial 
Communication 
Interface 
consists 
of 
separate transmit 
and receive sections whose operations 
can be asynchronous 
with 
respect to each other. A pro- 
grammable 
baud rate generator 
is included 
to generate 
the transmit 
and receive clocks. An enable and interrupt 
vector have been included so that the baud rate generator 


can function 
as a general 
purpose 
timer 
when 
it is not 
being used by the 5CI peripheral. 


SYNCHRONOUS 
SERIAL INTERFACE 
(551) 


The 5ynchronous 
5eriallnterface 
(551) is an extremely 
flexible 
full-duplex 
serial 
interface 
which 
allows 
the 
D5P56001 to communicate 
with 
a variety 
of serial de- 
vices. These include 
one or more industry 
standard 
co- 


decs, other D5Ps, microprocessors, 
and peripherals. 
The 
following 
characteristics 
of the 551 interface 
can be in- 


dependently 
defined 
by the user - 
the number 
of bits 
per word, the protocol 
or mode, the clock, and the trans- 
mil/receive 
synchronization. 
There are three modes which 
can be selected. They are the Normal, 
On-Demand, 
and 
Network 
modes. The Normal 
mode is typically 
used to 
interface 
with 
devices on a regular 
or periodic 
basis. In 
this mode the 551 interface functions 
with one data word 
of I/O per frame. The On-Demand 
mode is a data driven 
mode. There are no timeslots 
defined. 
This mode is in- 
tended 
to be used to interface 
to devices on a non-pe- 
riodic 
basis. The Network 
mode 
provides 
time 
slots in 
addition 
to a bit clock and frame synchronization 
pulse. 


The 551 functions 
with from 2 to 32 words of I/O per frame 
in the Network 
mode. This mode is typically 
used in star 
or ring Time Division Multiplex 
(TDM) networks with other 
D5P56000s and/or codecs. The clock can be programmed 
to be continuous 
or gated. 5ince the transmitter 
and re- 
ceiver sections of the 551 interface are independent 
they 
may be programmed 
to be synchronous 
(use a common 
clock) or asynchronous 
with 
respect to each other. The 
551 interface 
supports 
a subset of the Motorola 
5PI in- 
terface. The 551 requires three to six pins depending 
on 
the operating 
mode selected. A matrix 
of 551 operating 
modes and typical 
applications 
is provided 
in Table 1. 


Mod. 
Serial 
Relative 
Typical 
IProtocoll 
Clock 
Tx-Rx Timing 
Application. 


Normal 
Continuous 
Asynchronous 
Asynchronous 
Cadec 


Normal 
Continuous 
Synchronous 
Synchronous 
Cadecs 


Normal 
Gated 
Asynchronous 
DSP-to-DSP 


Normal 
Gated 
Synchronous 
DSP-to-AiDand D/A 


On-Demand 
Continuous 
Asynchronous 
DSP-to-MCU 


On-Demand 
Continuous 
Synchronous 
p·to-S 
and S-to-P 
Conversion 


On-Demand 
Gated 
Asynchronous 
DSP-to-DSP 


On-Demand 
Gated 
Synchronous 
DSP-to-SPIPeripherals 


Network 
Continuous 
Asynchronous 
TOM Codec Networks 


Network 
Continuous 
Synchronous 
TOM DSPNetworks 


Network 
Gated 
Asynchronous 
-- 


Network 
Gated 
Synchronous 
-- 


The programmer 
can view the DSP56001 architecture 
as three execution 
units operating 
in parallel. The three 
execution units are the Data ALU, Address ALU, and Pro- 
gram Controller. 
It was possible to make the program- 
ming model like that of conventional 
MPUs and eliminate 
the need to refer to the detailed chip architecture 
when 
programming 
the DSP56001 because the parallel 
exe- 


cution units make the pipeline virtually 
invisible. The pro- 
gramming 
model is shown 
in Figure 5 and is described 
in the following 
paragraphs. 


DATAALU 


The data ALU features 
24-bit input/output 
data regis- 
ters which can be concatinated 
to handle 48-bit data, two 
56-bit 
accumulators, 
programmable 
scaling, 
and satu- 
ration arithmetic. 


DATA ALU INPUT REGISTERS (X1, XO, V1, YO) 


Xl, XO,Yl, and YOare four 24-bit general purpose data 
registers. They may be treated as four independent 
24- 
bit registers 
or as two 48-bit 
registers 
called X and Y 
developed 
by the concatenation 
of Xl :XO and Vl :YO re- 
spectively. 
The register with 
the highest 
number 
is the 
most significant 
word. The registers serve as input pipe- 
line registers between the XD and YD data buses and the 
multiply-accumulator 
unit (MAC). They are used as data 
ALU source 
operands 
and allow 
new operands 
to be 
loaded for the next instruction 
while the register contents 
are used by the current 
instruction. 
They may also be 
read back out to the appropriate 
data bus to implement 
memory delay operations and save/restore operations for 
interrupt 
service routines. 


DATA ALU ACCUMULATOR 
REGISTERS 
(A2, A1, AO, 82, 81, 80) 


The six data ALU registers A2, Al, AO, 82, 81, and BO 
form two general purpose 56-bit accumulators, 
A and B, 
developed 
by the 
concatenation 
of A2:Al 
:AO and 
B2:Bl :BOrespectively. 
These registers are used for arith- 
metic calculations 
and data manipulation. 
The four reg- 
isters Al, 
AO, Bl, and BO are 24 bits wide and the two 
registers A2 and B2 are 8 bits wide. All of these registers 
are treated as word operands. The register with the high- 
est number 
is the most-significant 
word 
in the accumu- 
lator; 
the register 
with 
the lowest 
number 
is the least- 


significant 
word. 


These accumulators 
are 48 bits long with 8-bit exten- 
sions to accommodate 
word growth 
in vector arithmetic. 
The registers A2 and B2 are called accumulator 
extension 
registers. 
Automatic 
sign extension 
is provided 
when 
writing 
to the 56-bit accumulators 
A or B with 
a 48- or 
24-bit operand. The low-order 
portion 
will be automati- 
cally zeroed when a 24-bit operand 
is written 
to form a 
valid 56-bit operand. 
The registers may also be written 
without 
sign extension 
or zero fill by specifying 
the in- 
dividual 
register name. 
When the accumulator 
registers A or B are read, they 
may be optionally 
scaled one bit left or one bit right for 


block floating-point 
arithmetic. 
Reading the A or B ac- 
cumulators 
over XD and VD is protected against overflow 
by substituting 
a limiting 
constant 
for the data that 
is 
being transferred. 
The content 
of A or B is not affected 
should limiting 
occur; only the value transfered 
over XD 
and YD is limited. This overflow 
protection 
is performed 
after the content 
of the accumulator 
has been shifted 
according to the scaling mode. Note that only when A or 
B as opposed to AO, A 1, A2, BO,Bl, or B2, is specified as 
the source for a parallel 
data move 
over XD, YD will 
shifting and limiting 
be performed. 
The accumulator 
reg- 
isters serve as pipeline 
registers between the MAC unit 
and the XD and VD data buses. They are used as both 
data ALU source and destination 
operands. 


ADDRESS ALU 


The programmer's 
model for the address ALU consists 
of three banks of register files - 
address register files, 
offset register files, and modifier 
register files. They pro- 
vide all the registers necessary to generate address reg- 
ister indirect effective addresses. 


Address Register Files (RO·R3and R4-R7) 


The eight address registers, RO-R7,are 16 bits wide and 
may contain addresses or general purpose data. The 16- 
bit address in a selected address register is used in the 
calculation 
of the effective address of an operand. When 
supporting 
parallel X and V data memory 
moves the ad- 
dress registers must be thought 
of as separate two files, 


RO-R3and R4-R7. The content of an Rn may point to data 
directly or may be pre- or post-updated 
according to the 
addressing 
mode selected. 
Modifier 
registers, 
Mn, are 
always used if an Rn is updated. Offset registers, Nn, are 
used for the update 
by offset 
addressing 
modes. 
The 
address register modification 
is performed 
by one of the 
two modulo 
arithmetic 
units. 


Offset Register Files (NO-N3 and N4-N7) 


The eight offset registers, NO-N7, are 16 bits wide and 
may contain 
offset values 
used to increment 
and dec- 
rement address registers in address register update cal- 
culations or they may be used for 16-bit general purpose 
storage. 
For example, the contents 
of an offset register 
may be used to step through 
a table at some rate (e.g., 


five locations 
per step for waveform 
generation). 
or may 
specify the offset into a table or the base of the table for 
indexed 
addressing. 
Each address 
register, 
Rn, has its 
own offset register, Nn, associated with it. 


Modifier 
Register Files [MO·M3 and M4-M7] 


The eight modifier 
registers, MO-M7, are 16 bits wide. 


The content of Mn defines the type of address arithmetic 
to be performed 
for addressing 
mode calculations. 
The 
address ALU supports 
linear, modulo, 
and reverse carry 
arithmetic 
types for all address register indirect address- 
ing modes. For the case of modulo arithmetic, 
the content 
of Mn also specifies the modulus. 
Each address register, 


Rn, has its own modifier 
register, Mn, associated with it. 


Each modifier 
register is set to $FFFF on processor reset 
which 
specifies 
linear arithmetic 
as the default type for 


address register update calculations. 
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PROGRAM 
CONTROLLER 


The program 
controller 
features registers (LA and LC) 
dedicated 
to supporting 
the hardware 
DO loop instruc- 
tion 
in addition 
to the standard 
program 
flow 
control 
resources such as a program 
counter, 
complete 
status 
register, and system stack. All registers are read/write to 
facilitate 
system debug. 


Program 
Counter 
(PC) 


This 
16-bit register 
contains 
the address of the next 
location to be fetched from program memory space. This 
special 
purpose 
address 
register 
is stacked when 
pro- 
gram looping 
is initiated, 
or when a jump to subroutine 
(JSR) is performed, 
and when 
interrupts 
occur, except 
for fast, 'no overhead', 
interrupts. 


Status 
Register 
(SR) 


The status register is a 16-bit register consisting 
of an 
B-bit mode register (MR) and an B-bit condition 
code reg- 
ister (CCR). SR is stacked when 
program 
looping 
is ini- 
tialized, or when a jump to subroutine 
(JSR) is performed, 
and when interrupts 
occur, except for fast, no overhead, 
interrupts. 
The status register format 
is shown in Figure 
6. 


MR is a special purpose control 
register which defines 
the current 
system state of the processor. The MR bits 
are affected by processor reset, exception processing, the 
DO, ENDDO, RTI, and SWI instructions, 
and by instruc- 
tions which directly reference the MR register - 
ORt and 
AND!. 


CCR is a special purpose control register which defines 
the current user state of the processor at any given time. 
The CCR bits are affected by data ALU operations 
and by 
instructions 
which directly 
reference the CCR register- 


ORI and AND!. The CCR bits are not affected by parallel 
move operations 
unless data limiting 
occurs when read- 
ing the A or B accumulators. 


Loop Counter 
(LC) 


The loop counter 
is a special 
16-bit counter 
used to 
specify the number 
of times to repeat a hardware 
pro- 
gram loop. This register 
is stacked by a DO instruction 
and unstacked by end of loop processing or by execution 
of an ENDDO instruction. 
The loop counter may be read 
under program 
control. This allows the number of times 
a loop has been executed to be monitored 
during 
exe- 
cution. 


Loop Address Register 
(LA) 


The content of the loop address register indicates the 
location 
of the last instruction 
word 
in a program 
loop. 
This register is stacked by a DO instruction 
and unstacked 
by end of loop processing 
or by execution 
of an ENDDO 
instruction. 


System 
Stack (SS) 


The system stack is a separate internal memory which 
stores the PC and SR for subroutine 
calls and long in- 
terrupts. The stack will also store the LC and LA registers 
in addition 
to the PC and SR registers for program 
loop- 
ing. The SS is in stack memory 
space and its address is 
always inherent 
and implied 
by the current 
instruction. 


The system stack memory is 32 bits wide and 15 locations 
'deep'. 
When a subroutine 
call or long interrupt 
occurs, the 
content of the PCand SR are stored (pushed) on the 'top' 
location 
in the system 
stack. When a return from 
sub- 
routine 
occurs, the content 
of the 'top' 
location 
in the 
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system stack are transferred 
(pulled) to the PConly. When 
a return 
from 
interrupt 
occurs, 
the content 
of the 'top' 
location 
in the system 
stack are transferred 
(pulled) 
to 
both the PC and SR. 
The interrupt 
subsystem 
of the DSP56001 is vector based 
and prioritized. 
Interrupt 
vectors point to two consecutive 
locations 
in program 
memory. 
If one of the two words 
fetched 
by the interrupt 
controller 
is a jump to subroutine 
instruction, 
a long interrupt 
routine 
is formed, 
and a con- 


text switch 
is performed 
using the stack. If neither 
inter- 
rupt 
instruction 
word 
causes a change 
of control 
flow, 


then the two 
interrupt 
instruction 
words 
fetched 
consti- 


tute 
a fast 
interrupt 
routine. 
The fast 
interrupt 
routine 
provides 
exception 
processing 
with 
no overhead. 
This 
mechanism 
is commonly 
used to move 
data 
between 
memory 
and an I/O device. 


The system 
stack is also used to implement 
no-over- 


head nested hardware 
DO loops. Each stack location 
can 
be addressed 
as two 
separate 
16-bit 
registers, 
system 
stack high (SSH) and system 
stack low (SSL). This facil- 
itates creating 
software 
stacks for unlimited 
nesting. 


Stack Pointer 
(SP) 


The stack pointer 
register 
(SP) is a 6-bit 
register 
that 
indicates 
the location 
of the top of the system 
stack and 
the status 
of the stack (underflow, 
empty, 
full, 
and ov- 
erflow 
conditions). 
The stack pointer 
is referenced 
im- 


plicitly 
by some instructions 
(DO, REP, JSR, RTI, etc.) or 
directly 
by the MOVEC instruction. 
The stack pointer 
reg- 
ister format 
is shown 
in Figure 7. 


STACKERRORFLAG 


UNDERFLOW 
FLAG 


Operating 
Mode Register 
(OMR) 


The operating 
mode 
register 
(OMR) is a 3-bit register 
which 
defines the current 
operating 
mode of the proces- 
sor, i.e., the memory 
maps for program 
and data mem- 
ories as well as the startup 
procedure. 
The OMR bits are 
only affected by processor 
reset and by instructions 
which 
directly 
reference 
the OMR. During 
processor 
reset the 
chip 
operating 
mode 
bits, 
MB and MA, will 
be loaded 
from 
the external 
mode select A, B, pins. The Data ROM 
Enable bit (DE) will be cleared, 
disabling 
the X and Y on- 
chip lookup 
table ROMs. Figure 3 shows the effect of the 
OMR 
on the 
DSP56001 
memory 
maps. 
The operating 
mode register 
format 
is shown 
in Figure 8. Table 2 sum- 
marizes the DSP56001 operating 
modes. 
Tables 3 and 4 
show the program 
and data memory 
spaces. 


2 
1 
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Figure 8. Operating 
Mode Register 
Format 


Operating 
M 
M 
Mode 
S 
A 
Description 


0 
0 
0 
PRAM enabled, Reset at $0000 
(internal). 


1 
0 
1 
Special Bootstrap mode, after PRAM 
loading 
mode 
2 is automatically 
selected. 


2 
1 
0 
PRAM enabled, Reset at $EOOO 
(external). 


3 
1 
1 
PRAM disabled, Reset at $0000 
(external). 


Operating 
M 
M 
Program 
Memory 
Mode 
S 
A 
Space Map 


0&2 
X 
0 
internal RAM: 


$0000-$01FF 
external: 


$0200-$FFFF 


3 
X 
1 
external: 


$OOOO-$FFFF 


DROM 
Enable 
Y Data Memory 
X Data Memory 
DE 
Space Map 
Space Map 


0 
internal RAM: 
internal RAM: 


$OOOO-$OOFF 
$OOOO-$OOFF 
external: 
external: 


$0100-$FFFF 
$0100-$FFBF 
on-chip 
peripherals: 


$FFCO-$FFFF 


1 
internal RAM: 
internal RAM: 


$OOOO-$ooFF 
$oooo-$OOFF 
internal ROM: 
internal ROM: 


$0100-$01FF 
$0100-$01FF 
external: 
external: 


$0200-$FFFF 
$0200-$FFBF 
on-chip 
peripherals: 
$FFCO-$FFFF 


The DSP56001 instruction 
set has been designed to be 
as orthogonal 
as possible to allow flexible, independent, 


concurrent 
control 
of the data ALU, address ALU, and 
program 
control execution 
units during each instruction 
cycle. This maximizes 
throughput 
and minimizes 
pro- 
gram storage requirements. 
The rich instruction 
set features DSP oriented 
instruc- 
tions such as CMPM, NORM, RND, MACR, SUBL, SUBR, 
ADDL, ADDR, DO, and REP,which are summarized below. 


The instruction 
set is divided into the following 
groups: 


Arithmetic 
Logical 
Bit Manipulation 
Loop 
Move 
Program Control 


ARITHMETIC 
INSTRUCTIONS 


The arithmetic 
instructions 
perform all of the arithmetic 
operations 
within 
the data ALU. They may affect all of 
the condition 
code register bits. Arithmetic 
instructions 
are register-based 
so that the data ALU operation 
indi- 
cated by the instruction 
does not use the X data bus, the 
Y data bus, or the global data bus. This allows for parallel 
data movement 
over the X and Y data buses or over the 
global data bus during 
a Data ALU operation. 
This per- 
mits new data to be pre-fetched for use in following 
in- 
structions, and results calculated by previous instructions 
to be stored. These instructions 
execute in one instruction 
cycle. The destination 
is either of the 56-bit accumulators. 


The following 
are the arithmetic 
instructions. 


ABS 
Absolute Value 
ADC 
Add Long with Carry 
ADD 
Add 
ADDL 
Shift Left then Add Accumulators 
AD DR 
Shift Right then Add Accumulators 
ASL 
Arithmetic 
Shift Accumulator 
Left 
ASR 
Arithmetic 
Shift Accumulator 
Right 
CLR 
Clear Accumulator 
CMP 
Compare 
CMPM 
Compare Magnitude 
DIV 
Divide Iteration" 
MAC 
Signed Multiply-Accumulate 
MACR 
Signed Multiply-Accumulate 
and Round 
MPY 
Signed Multiply 
MPYR 
Signed Multiply 
and Round 
NEG 
Negate Accumulator 
NORM 
Normalize Accumulator 
Iteration" 
RND 
Round Accumulator 
SBC 
Subtract Long with Carry 
SUB 
Subtract 
SUBL 
Shift Left then Subtract Accumulators 
SUBR 
Shift Right then Subtract Accumulators 
Tcc 
Transfer Conditionally" 
TFR 
Transfer Data ALU Register 
TST 
Test Accumulator 


"These instructions 
do not allow parallel data moves. 


The CMPM affects the condition 
code bits according to 
the results of the subtraction 
of the absolute values of 


two operands. This instruction, 
together with TCC, is use- 
ful in determining 
maxima and minima in blocks of data. 


The NORM instruction 
normalizes 
the content 
of an 
accumulator 
register and updates the content of the spec- 
ified address register according to the normalization. 
This 
is particularly 
useful in implementing 
floating-point 
rou- 


tines. 
The RND instruction 
performs convergent 
rounding on 
the content of an accumulator 
register in a manner con- 
sistent with the scaling mode operation. 
The MACR instruction 
is one of the most powerful 
in- 


structions 
in the instruction 
set. It performs a signed mul- 
tiply-accumulate 
with 
convergent 
rounding 
and allows 
two parallel data moves in one instruction. 
These round- 
ing instructions 
facilitate 
minimizing 
the effects of roun- 
doff errors. 
The ADDL, ADDR, SUBL, and SUBR, instructions 
mul- 
tiply or divide the content of the accumulator 
register by 
two before the addition 
or subtraction 
operation 
is per- 
formed. 
They are particularly 
useful for implementing 
Radix-2 Decimation In Time (DIT) Fast Fourier Transforms 
(FFT). 


LOGICAL INSTRUCTIONS 


The logical instructions 
perform 
all of the logical op- 
erations within 
the data ALU. They affect all of the con- 
dition code register bits. Logical instructions 
are register- 
based. Optional data transfers may be specified with most 
logical 
instructions. 
This allows for parallel data move- 
ment over XD, YD, or GD during a Data ALU logical op- 
eration. This allows 
new data to be pre-fetched for use 


in following 
instructions, 
and results calculated 
in pre- 
vious instructions 
to be stored. These instructions 
exe- 


cute in one instruction 
cycle. The destination 
is either A 1 


or Bl, 
except for ANDI or ORI. The following 
are the 


logical instructions. 


AND 
Logical AND 
ANDI 
AND Immediate 
with Control Register" 


EOR 
Logical Exclusive OR 
LSL 
Logical Shift Accumulator 
Left 
LSR 
Logical Shift Accumulator 
Right 
NOT 
Logical Complement 
on Accumulator 
OR 
Logical Inclusive OR 
ORI 
OR Immediate 
with Control Register" 


ROL 
Rotate Accumulator 
Left 
ROR 
Rotate Accumulator 
Right 
"These instructions 
do not allow parallel data moves. 


BIT MANIPULATION 
INSTRUCTIONS 


There are two basic groups of bit manipulation 
instruc- 
tions. 
One group 
tests the state of any single 
bit in a 
memory 
location and then optionally 
sets, clears, or in- 
verts the bit. The other group tests the state of any single 
bit in a memory 
location 
and jumps 
(or jumps to sub- 
routine) if the bit is set or clear. The carry bit of the con- 
dition code register will contain the result of the bit test 
for the first group. The following 
are the bit manipulation 
instructions. 
Note that parallel 
data moves are not al- 
lowed with any of these instructions. 


BCLR 
Bit Test and Clear 
BSET 
Bit Test and Set 


II 


II 


BCHG 
BTST 
JCLR 
JSET 
JSCLR 
JSSET 


Bit Test and Change 
Bit Test on Memory 
Jump if Bit Clear 
Jump if Bit Set 
Jump to Subroutine 
if Bit Clear 
Jump to Subroutine 
if Bit Set 


The DO and ENDDO instructions 
make writing 
straight 
line code practically unnecessary. The DO instruction 
sets 
up a hardware 
loop by initiating 
a program 
loop, setting 
up looping 
parameters 
and then 'cleans up' the system 
stack when terminating 
a loop. Initialization 
includes sav- 
ing registers 
LA and LC used by a program 
loop on the 
system stack so that program 
loops can be nested. The 
address of the first instruction 
in a program 
loop is also 
saved to allow 
no-overhead 
looping. 
Single instruction 
DO loops can be implemented. 
The ENDDO instruction 
is used to terminate 
a DO loop prematurely. 
It is used to 
'clean up' the stack. These instructions 
do not allow par- 
allel data moves. The following 
are the loop instruction 
definitions. 


DO 
ENDDO 
Start Hardware Loop 
Exit from Hardware Loop 


The move instructions 
perform 
data movement 
over 
XD, YD, and GD data buses as well as the program 
data 
bus, PD. Move instructions 
do not affect the condition 
code register 
except the limit 
bit, L, if limiting 
is per- 
formed when reading Data ALU accumulator 
registers A 
or B. The MOVE instruction 
provides 
all of the parallel 
data move operations 
and can be considered to be a data 
ALU no-op with 
parallel 
moves. The following 
are the 
move instructions. 
LUA 
Load Updated Address 
MOVE 
Move Data 
MOVEC 
Move Control Register 
MOVEM 
Move Program Memory 
MOVEP 
Move Peripheral Data 


PROGRAM 
CONTROL INSTRUCTIONS 


The program 
control 
instructions 
include jumps, 
con- 
ditional 
jumps, 
and other 
instructions 
which 
affect the 
PC and system stack. Program control 
instructions 
may 
affect the condition 
code register bits as specified in the 
instruction. 
Optional 
parallel data transfers over XD, YD, 


and GD are not allowed 
in the program 
control 
instruc- 
tions. 
The REP instruction 
repeats the next instruction 
without 
refetching 
the instruction 
to maximize 
through- 
put without 
resorting to using straight line code. Because 
the REP instruction 
is not refetched it is not interruptable. 
An interruptable 
repeat instruction 
can be implemented 
using a single instruction 
DO loop. All processor activity 
is suspended 
and the oscillator 
is gated off after a STOP 
instruction 
has been executed. When the WAIT instruc- 
tion 
is executed 
internal 
processing 
is halted 
and the 
processor 
waits 
for an interrupt. 
The STOP and WAIT 


states are low power states. The following 
are the pro- 
gram control 
instructions. 
Jcc 
Jump Conditionally 
JMP 
Jump 
JScc 
Jump to Subroutine 
Conditionally 
JSR 
Jump to Subroutine 
NOP 
No Operation 
REP 
Repeat Next Instruction 
RESET 
Reset On-Chip Peripheral Devices 
RTI 
Return from Interrupt 
RTS 
Return from Subroutine 
STOP 
Stop Processing (Low Power Standby) 
SWI 
Software 
Interrupt 
WAIT 
Wait for Interrupt 
(Low Power Standby) 


INSTRUCTION 
FORMATS 


Instructions 
are one or two words 
in length. 
The in- 


struction 
and its length are specified by the first word of 
the instruction. 
The second word 
may contain 
informa- 
tion about an operand for the instruction. 
The assembly 
language source code for a typical one word instruction 
is shown 
below. The sourc'! code is organized 
into four 
columns. 


Y Bus Data 
Y:(R4)+,YO 
Operands 
XO,YO,A 
X Bus Data 
X:(RO)+,XO 


The Opcode column 
typically 
indicates the Data ALU 
operation 
to be performed; 
it may also specify an Ad- 
dress ALU or Program Control operation. 
The operands 
column specifies the operands to be used by the opcode. 
The X bus data column specifies an optional data transfer 
over the X bus and the addressing 
mode to be used. The 
Y bus data column specifies an optional data transfer over 
the Y bus and the addressing mode to be used. The mem- 
ory space qualifiers X:, Y:, P: and L: (long memory space) 
indicate which 
memory 
space is being referenced. 
The 


opcode column 
must always be included 
in the source 
code. 


The DSP56001 allows 
parallel 
processing 
by the data 
ALU, address ALU, and program controller. 
For example, 


in the instruction 
word above the DSP56001 will perform 
the designated ALU operation 
(data ALU), the data trans- 


fers specified with address register updates (address ALU). 
and will 
also decode the next instruction 
and fetch an 
instruction 
word from 
program 
memory 
(program 
con- 


troller). 
all in one instruction 
cycle. In addition, 
the pro- 
gram controller 
may be processing 
an active hardware 
DO loop. When an instruction 
is more than one word 
in 
length, an additional 
instruction 
execution 
cycle may be 
required. 
Most 
operations 
involving 
the data ALU are 
register-based 
(that is, all operands are in data ALU reg- 


isters) and therefore 
do not utilize the data buses. This 
allows the programmer 
to keep each execution 
unit busy 
by specifying 
memory 
accesses in parallel over the XD, 


YD, or GD buses. An instruction 
which 
is memory-ori- 


ented (such as a bit manipulation 
instruction) 
or an in- 
struction 
that causes a control 
flow 
change (such as a 
jump) 
does not allow parallel data moves during 
its ex- 


ecution. 


ADDRESSING 
MODES 


The addressing 
modes 
are grouped 
into three 
cate- 
gories - 
register 
direct, 
address 
register 
indirect, 
and 
special. These addressing 
modes are summarized 
in Ta- 
ble 5. All address calculations 
are performed 
in the ad- 
dress ALU to minimize execution time and loop overhead. 
Addressing modes specify whether the operand(s) is (are) 
in a register, memory, 
or encoded in the instruction 
(as 
immediate 
data) and provide 
the specific 
addresses 
of 
the operand. 
The register 
direct addressing 
mode can be subclas- 
sified according 
to the specific 
register 
addressed. The 
data registers 
include Xl, 
XO, Vl, VO, X, V, A2, Al, 
AO, 
B2, Bl, 
BO, A, and B. The control 
registers 
include 
SR, 
OMR, SP, SSH, SSL, LA, LC, CCR, and MR. 


Address 
register 
indirect 
modes use an address reg- 
ister, Rn, to point to locations in memory. The content of 
Rn is the effective address lea) except in the indexed by 
offset "mode where 
the ea is Rn + Nn. Address 
register 
indirect modes use a modifier 
register, Mn, to specify the 
type of arithmetic 
to be used to update Rn. If a mode 
using an offset is specified an offset register, Nn, is also 
used for the update. The Nn and Mn registers 
are as- 
signed 
to the Rn with 
the same n. Thus the assigned 


register 
sets 
are RO;NO;MO, Rl;Nl;Ml, 
R2;N2;M2, 


R3;N3;M3, 
R4;N4;M4, 
R5;N5;M5, 
R6;N6;M6, 
and 
R7;N7;M7. 
This structure 
is unique and extremely 
pow- 
erful in general, and particularly 
powerful 
in setting 
up 


DSP oriented data structures. All address register indirect 
modes use at least one set of address registers, and the 
XV memory reference uses two sets of address registers, 
one set for X memory 
space and one set for V memory 
space. 
The special addressing 
modes include immediate 
and 
absolute 
modes as well as implied 
references to the PC, 
system stack, and program 
memory. 


ADDRESS 
MODIFIERS 
IMn] 


The address modifiers 
allow the DSP Address ALU to 


support 
linear, reverse-carry, 
and modulo 
address arith- 
metic for all address register indirect modes. These spe- 
cial address arithmetic 
types allow the creation 
of data 
structures 
in memory for FIFOs (queues), delay lines, cir- 
cular buffers, stacks and bit-reversed 
FFT buffers. Data is 


manipulated 
by updating 
address registers 
rather than 
moving 
large blocks of data. The content of the address 


modifier 
register, 
Mn, defines the type of address arith- 
metic to be performed 
for addressing 
mode calculations. 


Modifier 
Operand 
Reference 
Addressing 
Mode 
MMMM 
S 
C 
D 
A 
P 
X 
V 
L 
XV 


Register 
Direct 
Data or Control 
Register 
No 
x 
x 
x 
Address 
Register 
No 
x 
Address 
Modifier 
Register 
No 
x 
Address 
Offset 
Register 
No 
x 


Address 
Register 
Indirect 
No Update 
Yes 
x 
x 
x 
x 
X 
Postincrement 
by 1 
Yes 
x 
x 
x 
x 
x 
Postdecrement 
by 1 
Ves 
x 
x 
x 
x 
x 
Postincrement 
by Offset 
Nn 
Yes 
x 
x 
x 
x 
x 
Postdecrement 
by Offset 
Nn 
Yes 
x 
x 
x 
x 


Indexed 
by Offset 
Nn 
Yes 
x 
x 
x 
x 
Predecrement 
by 1 
Yes 
x 
x 
x 
x 


Special 
Immediate 
Data 
No 
x 
Absolute 
Address 
No 
x 
x 
x 
x 


Immediate 
Short 
Data 
No 
x 
Short 
Jump 
Address 
No 
x 
Absolute 
Short 
Address 
No 
x 
x 
x 
x 
1/0 Short 
Address 
No 
x 
x 
Implicit 
No 
x 
x 
x 


Where: 


MMMM 
= Address 
Modifier 
S 
~ Stack 
Reference 
C 
= Program 
Controller 
Register 
Reference 
D = Data ALU 
Register 
Reference 
A 
~ Address 
ALU 
Register 
Reference 
P 
= Program 
Memory 
Reference 
X = X Memory 
Reference 
Y = Y Memory 
Reference 
L = L Memory 
Reference 


XY 
~ XY Memory 
Reference 


II 


II 


For the case of modulo arithmetic, 
the content of Mn also 
specifies the modulus. 
The three types of arithmetic 
are 
discussed below. 


Linear Arithmetic 
[Mn = $FFFF) 


The address modification 
is performed 
using normal 
16-bit 
(modulo 
65,536) linear 
arithmetic 
(2's comple- 
ment). A 16-bit offset, 
Nn, may be used in the address 
calculations. 
The range of values may be considered 
as 
signed 
(Nn from 
- 32,768 to + 32,767) or unsigned 
INn 
from 0 to + 65,535). 


Reverse-Carry 
Arithmetic 
IMn = $0000) 


The address modification 
is performed 
by propagating 
the carry in the reverse direction, 
that is, from the most- 
significant 
bit (MSB) to the least-significant 
bit (LSB). This 
is equivalent 
to bit-reversing 
(i.e., redefining 
the MSB as 
the LSB and the next MSB as bit 1, etc.) the content of 
Rn and the offset value Nn, adding 
normally 
and then 
bit-reversing 
the result. If the (Rn) + Nn addressing mode 
is used with this address modifier 
type, and Nn contains 
the value two to the power of k-l (2k-1), then post-incre- 
menting 
by + Nn is equivalent 
to incrementing 
Rn by 1 
and bit-reversing 
the k LSBs of Rn. This address arith- 
metic is useful for performing 
2k point Fast Fourier Trans- 
forms (FFTs). The range of values for Nn is 0 to + 65,535. 
This allows 
bit-reversed 
addressing 
for FFTs having 
up 
to 65,536 points. 
As an example, consider a 1,024 point FFT (k = 10) with 
real data stored in X memory 
and imaginary 
data stored 
in Y memory. 
Then Nn would 
contain the value 512 and 
postincrementing 
by + Nn would 
generate the address 
sequence 0, 512, 256, 768,128,640, 
... This is the scram- 
bled FFT data order for sequential frequency 
points from 
o to 2pi. The base address must have at least k zeros so 
that the reverse-carry 
modifier 
also works when the base 
address of the FFT data buffer is a multiple 
of 2k, such 
as 2048, 3072, in our example. 
The use of addressing 
modes other than postincrement 
by + Nn is possible but 
may not provide a useful result. 


The address 
modification 
is performed 
modulo 
M, 


where M ranges from 2 to + 32,768. Modulo M arithmetic 
causes the address 
register 
value to remain 
within 
an 
address range of size M defined 
by a lower and upper 
address 
boundary. 
The value 
m = M-l 
is stored 
in the 
modifier 
register Mn. The lower boundary 
Ibase addressl 
value must have zeroes in the k LSBs, where 2k "" M, and 
therefore 
must be a multiple 
of 2k. The upper boundary 
is the lower boundary 
plus the modulo 
size minus one 


(base address plus M-l). 
For example, to create a circular 
buffer of 21 stages, M is 21 and the lower address bound- 
ary must have its five least-significant 
bits equal to zero 
(2k "" 21, thus k "" 5). The Mn register is loaded with the 
value 20. The lower 
boundary 
may be chosen as 0, 32, 


64,96,128,160, 
etc. The upper boundary 
of the buffer is 
then the lower boundary 
plus 20. The address pointer is 
not required 
to start at the lower address boundary 
or 
end on the upper address boundary; 
it may initially 
point 
anywhere within the defined modulo address range. Note 
that 
neither 
the lower 
nor the upper 
boundary 
of the 
modulo 
region 
is stored; 
only the size of the modulo 
region is stored in Mn. Assuming 
the (Rn) + indirect ad- 
dressing mode, if the address register pointer increments 
past the upper boundary 
of the buffer (base address plus 
M-l) 
it will 
wrap 
around 
to the 
base address 
(lower 
boundary). 
Alternatively, 
assuming 
the (Rn) - 
indirect 
addressing mode, if the address decrements past the lower 
boundary 
(base address) it will wrap around to the base 
address plus M-l 
(upper boundary). 
If an offset, Nn, is used in the address calculations, 
the 
16-bit value INnl must be less than or equal to M. The 
range of values for Nn is - 32,768 to + 32,767. The mod- 
ulo arithmetic 
unit will 
automatically 
wrap the address 
pointer around by the required amount. This type of ad- 
dress modification 
is useful in creating 
circular 
buffers 
for FIFOs (queues), delay lines, and sample buffers up to 
32,768 words long. It is also useful for decimation, 
inter- 


polation, 
and waveform 
generation. 


APPENDIX 
I 
BOOTSTRAP 
MODE - 
OPERATING 
MODE 
1 


The bootstrap 
feature of the DSP56001 consists of four 
special on-chip 
modules: 
the 512 words of PRAM, a 32- 
word bootstrap 
ROM, the bootstrap 
control logic and the 
bootstrap 
firmware 
program. 


BOOTSTRAP ROM 


This 
32-word 
on-chip 
ROM 
has 
been 
factory 
pro- 
grammed 
to perform the actual bootstrap operation from 
the memory 
expansion 
port 
(Port A) or from 
the Host 
Interface. 
Users have no access to the bootstrap 
ROM 
other than through 
the bootstrap 
process. Control 
logic 
will disable the bootstrap 
ROM during normal operations. 


BOOTSTRAP CONTROL LOGIC 


The bootstrap 
mode control logic is activated when the 
DSP56001 is in Operating 
Mode 1. The control logic maps 
the bootstrap 
ROM into program 
memory 
space as long 
as the 
DSP56001 remains 
in Operating 
Mode 
1. The 
bootstrap 
firmware 
changes operating 
modes when the 
bootstrap 
load is completed. 
When the DSP56001 exits the reset state in Mode 
1, 
the following 
actions occur. 


1. The control 
logic 
maps the bootstrap 
ROM into 
the internal 
DSP program 
memory 
space starting 
at location 
$0000. 


2. The control logic forces the user PRAM to be write- 
only 
memory 
during 
the bootstrap 
loading 
pro- 
cess. 


3. Program execution 
begins at location $0000 in the 
bootstrap 
ROM. 


The bootstrap 
ROM program 
is able to perform 
the load of PRAM through 
either the memory 
ex- 
pansion 
port from a byte-wide 
external 
memory, 


or through 
the Host Interface. 


4. The bootstrap 
ROM program 
executes the follow- 
ing sequence to end the bootstrap 
operation 
and 
begin user program 
execution. 


A. Enter Operating Mode 2 by writing 
to the OMR. 
This action will be timed to remove the boot- 
strap ROM from 
the program 
memory 
map, 
and re-enable read/write 
access to the PRAM. 


B. The change to Mode 2 is timed exactly to allow 
the boot program to execute a Nap then a JMP 
#00 and begin execution of the user's program 
at location 
$0000. 


The user may also select the bootstrap 
mode by writing 
into the OMR. This will cause the bootstrap 
ROM to be 
mapped 
into the program 
address space after a delay to 
allow execution of a Nap then a JMP #00. This technique 


allows 
the DSP56001 user to reboot the system 
(with a 
different 
program 
if desired). Steps 1 and 2 below detail 


this technique. 


1. From any operating 
mode, program 
the OMR to 
Operating 
Mode 1. This begins a timed operation 
to map the bootstrap 
ROM into the program 
ad- 
dress space. 


2. This delay is exactly timed to allow the DSP pro- 
gram to execute a Nap then a JMP #00 and begin 
the bootstrap 
process as described above in steps 
1-4. 


Bootstrap 
ROM contains 
the bootstrap 
firmware 
pro- 
gram that performs initial loading of the DSP56001 PRAM. 
The program 
is written 
in DSP56000/DSP56001 assem- 
bly language. 
It contains 
two separate 
methods 
of ini- 
tailizing 
the PRAM: loading 
from 
a byte-wide 
memory 
starting 
at location 
$COOOor loading 
through 
the Host 
Interface. The particular 
method 
used is selected by the 
level of program 
memory 
location 
$COOO,bit 23. 
If location 
P:$COOO,bit 23 is read as a one, the external 
bus version 
of the bootstrap 
program 
will 
be selected. 
Typically, 
a byte wide 
EPROM will 
be connected 
to the 
DSP56001 Address 
and Data Bus as shown 
in Figure A- 
2. The data contents 
of the EPROM must be organized 
as shown 
below. 


Address 
of External 
Byte Wide P Memory 
Contents 
Loaded 
to Internal 
PRAM at: 


P:$COOO 
P:OOOO 
low byte 
P:$C001 
P:OOOO 
mid byte 
P:$C002 
P:OOOO 
high byte 


P:$C5FD 
P:01FF 
low byte 
P:$C5FE 
P:01FF 
mid byte 
P:$C5FF 
P:01FF 
high byte 


If location 
P:$COOO,bit 23 is read as a zero, the Host 
Interface 
version 
of the bootstrap 
program 
will 
be se- 
lected. Typically 
a host microprocessor 
will be connected 
to the DSP56001 Host Interface. The host microprocessor 
must write 
the host interface 
registers 
TXH, TXM, 
and 
then TXL with the desired contents 
of PRAM from 
loca- 
tion P:$OOOOup to P:$01FF. If less than 512 words are to 
be loaded, the host programmer 
can exit the bootstrap 
program 
and force the DSP56001 to begin executing 
at 
location 
P:OOOOby selting 
HFO= 1 in the host interface. 


In most systems, the DSP56001 response is so fast that 
handshaking 
between the DSP56001 and the host is not 
necessary. 
The bootstrap 
program 
is shown 
in flowchart 
form 
in 
Figure A-1 and in assembler 
listing format 
below. 


II 


INITIALIZE 
ADDRESS 


REGISTERS 


RO~O 


RI = SCOOO 


R2 = SFFE9 


GET P:SCllOO BIT 23 


AND 
PUT 
IT IN THE 


CARRY 
FLAG 


HOST 


INTERFACE 


Y 


SET L FLAG = I 


IINDICATES 
A BOOT 


FROM 
EXTERNAL 


MEMORY 
WAS 


SELECTED) 


REPEAT 
UNTIL 


512 PROGRAM 
WORDS 


HAVE 
BEEN 
LOADED 


GET 8-BIT 
DATA 


FROM 
P MEMORY 


PUT 
IN A2. 


INCREMENT 
RI 


POINTER 


SHIFT 
8 BITS 


FROM 
A2 INTO 


ACCUMULATOR 


AI'S 
8 MSBS 


MOVE 
Al 
INTO 


NEXT 
INTERNAL 


P MEMORY 
LOCATION. 


INCREMENT 
RO 


POINTER. 


SET OPERATING 


MODE 
TO 


MODE 
2 


CLEAR 


STATUS 


REGISTER 


ENABLE 


HOST 
INTERFACE 


LOGIC 


PUT 
DATA 
FROM 


HOST 
RECEIVE 


DATA 
REGISTER 


INTO 


ACCUMULATOR 
A I 


Host 
algorithm 
/ AND 
/ 
external 
bus 
method. 


This 
is the 
Bootstrap 
program 
contained 
in the 
DSP56001 
32 word 
Boot 
ROM. 
This 
program 
can 
load 
the 
internal 
program 
memory 
from 
one 
of 
two 
external 
sources 
and 
contains 
logic 
to 
decide 
which 
one 
to 
load 
from. 
This 
logic 
reads 
P:$COOO 
bit 
23 
to 
decide. 
If 
P:$COOO 
bit 
23 = 0 then 
it 
loads 
internal 
P RAM 
from 
HO-H7, 
using 
the 
Host 
Interface 
logic. 
If 
P:$COOO 
bit 
23 = 1 then 
it 
loads 
from 
1,536 
consecutive 
byte-wide 
P memory 
locations 
(starting 
at 
P:$COOO) 


this 
is the 
location 
in 
P memory 
on 
the 
external 
memory 
bus 
where 
the 
external 
byte-wide 
EPROM 
would 
be 
located 


ORG 
PL:$O,PL:$O 


START 
MOVE 
#$FFE9,R2 


MOVE 
#BOOT,R1 


MOVE 
#O,RO 


MOVE 
P: (R1),A1 
ROL 
A 
JCC 
<INLOOP 


bootstrap 
code 
starts 
at 
P:$O 


R2 
~ 
address 
of 
the 
Host 
Interface 
data 
register 
R1 = External 
P address 
of 
bootstrap 
byte-wide 
ROM 
RO 
= Internal 
P memory 
location 
where 
program 
will 
begin 
loading 


Get 
the 
data 
at 
P:$COOO 
bit 
23 
Shift 
bit 
23 
into 
the 
Carry 
flag 
Go 
perform 
load 
from 
Host 
pins 
if bit 
23 
is 
low. 


IMPORTANT 
NOTE: 
this 
routine 
assumes 
that 
the 
L bit 
is 
already 
cleared 
before 
entering 
this 
program. 
This 
would 
be 
the 
case 
after 
a reset. 
If 
this 
program 
is 
entered 
by 
changing 
the 
OMR 
to 
bootstrap 
operating 
mode, 
make 
certain 
that 
the 
L bit 
is cleared. 
If 
the 
L bit 
was 
set 
before 
changing 
modes, 
the 
program 
will 
load 
from 
the 
Host 
Interface. 


Set 
the 
L bit 
to 
indicate 
that 
the 
bootstrap 
program 
is being 
loaded 
from 
the 
external 
P:$COOO 
space. 


The 
first 
routine 
will 
load 
1,536 
bytes 
from 
the 
external 
P 
memory 
space 
beginning 
at 
P:$COOO 
(bits 
7-0). 
These 
will 
be 
condensed 
into 
512 
24-bit 
words 
and 
stored 
in contiguous 
P 
memory 
locations 
starting 
at 
P:$O. 


The 
shifter 
moves 
the 
a-bit 
input 
data 
from 
register 
A2 
into 
register 
A1 
eight-bits-at-a-time. 
After 
assembling 
one 
24-bit 
word 
(this 
takes 
3 loops) 
it 
stores 
the 
result 
in 
internal 


P memory 
and 
continues 
until 
internal 
P memory 
is 
filled. 
Note 
that 
the 
first 
routine 
loads 
data 
starting 
with 
the 
least 
significant 
byte 
of 
P:$O 
first. 


The 
second 
routine 
loads 
the 
internal 
P memory 
space 
using 
the 
Host 
Interface 
interface 
logic. 
If 
the 
Host 
only 
wants 
to 
load 
a portion 
of 
the 
P memory, 
he 
can 
kill 
the 
Host 
Interface 
bootstrap 
load 
program, 
and 
start 
execution 
of 
the 
loaded 
program, 
by 
setting 
the 
Host 
Flag 
0 
(HFO) 
= 
1. 


INLOOP 
DO 
#512, 
LOOP1 
; Load 
512 
instruction 
words 
- 
; This 
is 
the 
context 
switch 
•• 


JLC 
< HOSTLD 
Go 
load 
from 
the 
Host 
Interface 
if the 
Limit 
flag 
is 
clear 


This 
is 
the 
first 
routine. 
It 
loads 
from 
external 
P memory. 


DO 
#3, 
LOOP2 
Each 
instruction 
has 
3 bytes 
MOVE 
P: (R1)+,A2 
Get 
the 
8 LSB 
from 
ext. 
P memo 
REP 
#8 
Shift 
8 bit 
data 
into 
A1 
ASR 
A 
LOOP2 
Get 
another 
byte. 
JMP 
< STORE 
Then 
put 
the 
word 
in 
P memory 


; This 
is 
the 
second 
routine. 
It 
loads 
from 
the 
Host 
Interface 
pins. 


HOSTLD 
LBLA 
BSET 
#O,X:$FFEO 
JCLR 
#3,X:$FFE9, 
LBLB 
ENDDO 
JMP 
< BOOTEND 


JCLR 
#0, X: (R2) , LBLA 


MOVE 
X:$FFEB,A1 


MOVE 
A1,P: (RO)+ 


configure 
Port 
B as 
Host 
if HFO=1, 
stop 
loading 
data. 
Must 
terminate 
the 
do 
loop 


wait 
for 
HRDF 
to 
go 
high 
(meaning 
data 
is present). 
Put 
24-bit 
host 
data 
in A1 


This 
is the 
exit 
handler 
that 
returns 
execution 
to 
normal 
expanded 
mode 
and 
jumps 
to 
the 
RESET 
vector. 


BOOTEND 
MOVEC 
#2,OMR 
Set 
the 
operating 
mode 
to 
2 
(and 
trigger 
an 
exit 
from 
bootstrap 
mode). 
ANDI 
#$O,CCR 
Clear 
SR 
as 
if RESET 
to o. 
Delay 
needed 
for 
Op. 
Mode 
change 
JMP 
<$0 
Then 
execute 
the 
RESET 
vector. 


APPLICATION 
EXAMPLES 
The lowest cost DSP56001-based system uses no external memory and requires two chips. the DSP56001 
and a low cost EPROM. The EPROM read access time should be less than 780 nanoseconds when the 
DSP56001 is operating at it's maximum 
clock rate of 20.5 MHz. 
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47K 
i's 
, 
MOOA 
11 


AD-AID 
, 
MOOB 


47K 
DSP56001 
AD-AID 
CS 
-='- 
8, 
- 
00-07 
00-07 
2716 


023 
~ 
+5 


47K 


A system with external data RAM memory 
requires no glue logic to select the external EPROM from 
bootstrap mode. PS is used to enable the EPROM and DS is used to enable the high speed data memories 
as shown in Figure A-3. 


AD 


+51 


WR 


os 


x;Y 


11 
MOOA 
AD-A10 


MOOB 
i's 


47K 


DSP56001 


47K 


Figure A-3. Bootstrap 
with 
External 
Data RAM 
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+5 


47K 
LOS 
HEN 


MDDA 
II 


MDDB 


ADDRESS 


47K 
DECODER 
A4-A23 


- 
DSP56001 
+5 
MC68000-12 


lK 


DTACK 


023 


47K 
HRtW 
RtW 


HD-H7 
00-07 


HAD-HA2 
AI-A3 


Systems with external program memory can load the on-chip PRAM without using the bootstrap mode. 


In this example (Figure A-5), the DSP56001is operated in mode 1with external program memory at location 
$EOOO.The programmer 
can overlay the high speed on-chip PRAM with 
DSP algorithms 
by using the 
MOVEM instruction. 
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AD 
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00-07 


AO-A2 
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06 
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APPENDIX II 
MU-LAW/A-LAW 
EXPANSION TABLES 


org 
x:$100 
M 
30 
DC 
$OF3COO 
975 
M 
31 
DC 
$OEBCOO 
943 
M 
00 
DC 
$7D7COO 
8031 
M-32 
DC 
$OE3COO 
911 
M 
01 
DC 
$797COO 
7775 
M 
33 
DC 
$ODBCOO 
879 
M-02 
DC 
$757COO 
7519 
M-34 
DC 
$OD3COO 
847 
M-03 
DC 
$717COO 
7263 
M 
35 
DC 
$OCBCOO 
815 
M-04 
DC 
$6D7COO 
7007 
M-36 
DC 
$OC3COO 
783 
M 
05 
DC 
$697COO 
6751 
M 
37 
DC 
$OBBCOO 
751 
M 
06 
DC 
$657COO 
6495 
M 
38 
DC 
$OB3COO 
719 
M 
07 
DC 
$617COO 
6239 
M 
39 
DC 
$OABCOO 
687 II 


M 
08 
DC 
$5D7COO 
5983 
M 
3A 
DC 
$OA3COO 
655 
M 
09 
DC 
$597COO 
5727 
M-3B 
DC 
$09BCOO 
623 
M 
OA 
DC 
$557COO 
5471 
M 
3C 
DC 
$093COO 
591 
M-OB 
DC 
$517COO 
5215 
M 
3D 
DC 
$08BCOO 
559 
M 
OC 
DC 
$4D7COO 
4959 
M 
3E 
DC 
$083COO 
527 
M-OD 
DC 
$497COO 
4703 
M-3F 
DC 
$07BCOO 
495 
M 
OE 
DC 
$457COO 
4447 
M 
40 
DC 
$075COO 
471 
M 
OF 
DC 
$417COO 
4191 
M 
41 
DC 
$071COO 
455 
M-10 
DC 
$3E7COO 
3999 
M 42 
DC 
$06DCOO 
439 
M11 
DC 
$3C7COO 
3871 
M 43 
DC 
$069COO 
423 
M 
12 
DC 
$3A7COO 
3743 
M-44 
DC 
$065COO 
407 
M-13 
DC 
$387COO 
3615 
M 
45 
DC 
$061COO 
391 
M 
14 
DC 
$367COO 
3487 
M-46 
DC 
$05DCOO 
375 
M-15 
DC 
$347COO 
3359 
M-47 
DC 
$059COO 
359 
M 
16 
DC 
$327COO 
3231 
M-48 
DC 
$055COO 
343 
M 
17 
DC 
$307COO 
3103 
M-49 
DC 
$051COO 
327 
M-18 
DC 
$2E7COO 
2975 
M 
4A 
DC 
$04DCOO 
311 
M-19 
DC 
$2C7COO 
2847 
M-4B 
DC 
$049COO 
295 
M-1A 
DC 
$2A7COO 
2719 
M-4C 
DC 
$045COO 
279 
M-1B 
DC 
$287COO 
2591 
M-4D 
DC 
$041COO 
263 
M 
1C 
DC 
$267COO 
2463 
M 
4E 
DC 
$03DCOO 
247 
M-1D 
DC 
$247COO 
2335 
M-4F 
DC 
$039COO 
231 
M-1E 
DC 
$227COO 
2207 
M 
50 
DC 
$036COO 
219 
M 
1F 
DC 
$207COO 
2079 
M-51 
DC 
$034COO 
211 
M-20 
DC 
$lEFCOO 
1983 
M 
52 
DC 
$032COO 
203 
M 21 
DC 
$lDFCOO 
1919 
M 
53 
DC 
$030COO 
195 
M-22 
DC 
$lCFCOO 
1855 
M-54 
DC 
$02ECOO 
187 
M 
23 
DC 
$lBFCOO 
1791 
M 
55 
DC 
$02CCOO 
179 
M 
24 
DC 
$lAFCOO 
1727 
M-56 
DC 
$02ACOO 
171 
M-25 
DC 
$19FCOO 
1663 
M 
57 
DC 
$028COO 
163 
M 
26 
DC 
$18FCOO 
1599 
M 
58 
DC 
$026COO 
155 
M 
27 
DC 
$17FCOO 
1535 
M 
59 
DC 
$024COO 
147 
M-28 
DC 
$16FCOO 
1471 
M 
5A 
DC 
$022COO 
139 
M-29 
DC 
$15FCOO 
1407 
M-5B 
DC 
$020COO 
131 
M-2A 
DC 
$14FCOO 
1343 
M-5C 
DC 
$OlECOO 
123 
M-2B 
DC 
$13FCOO 
1279 
M 
50 
DC 
$OlCCOO 
115 
M-2C 
DC 
$12FCOO 
1215 
M-5E 
DC 
$OlACOO 
107 
M-2D 
DC 
$l1FCOO 
1151 
M 
5F 
DC 
$018COO 
99 
M 
2E 
DC 
$10FCOO 
1087 
M-60 
DC 
$017400 
93 
M-2F 
"DC 
$OFFCOO 
1023 
M-61 
DC 
$016400 
89 
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M 
62 
DC 
$015400 
85 
A 9A 
DC 
$OFCOOO 
504 
M-63 
DC 
$014400 
81 
A-9B 
DC 
$OF4000 
488 
M 
64 
DC 
$013400 
77 
A 9C 
DC 
$OCCOOO 
408 
M 
65 
DC 
$012400 
73 
A-9D 
DC 
$OC4000 
392 
M 
66 
DC 
$011400 
69 
A-9E 
DC 
$ODCOOO 
440 
M 
67 
DC 
$010400 
65 
A-9F 
DC 
$004000 
424 
M 
68 
DC 
$00F400 
61 
A-A 0 
DC 
$560000 
2752 
M 
69 
DC 
$00E400 
57 
A Al 
DC 
$520000 
2624 
M-6A 
DC 
$000400 
53 
A A2 
DC 
$5EOOOO 
3008 
M-6B 
DC 
$00C400 
49 
A A3 
DC 
$5AOOOO 
2880 
M 
6C 
DC 
$00B400 
45 
A A4 
DC 
$460000 
2240 
M-6D 
DC 
$00A400 
41 
A-A5 
DC 
$420000 
2112 
M 
6E 
DC 
$009400 
37 
A A6 
DC 
$4EOOOO 
2496 
M-6F 
DC 
$008400 
33 
A-A7 
DC 
$4AOOOO 
2368 
II 


M 70 
DC 
$007800 
30 
A A8 
DC 
$760000 
3776 
M-71 
DC 
$007000 
28 
A-A 9 
DC 
$720000 
3648 
M72 
DC 
$006800 
26 
AAA 
DC 
$7EOOOO 
4032 
M---C73 
DC 
$006000 
24 
A-AB 
DC 
$7AOOOO 
3904 
M-74 
DC 
$005800 
22 
A-AC 
DC 
$660000 
3264 
M 
75 
DC 
$005000 
20 
A-AD 
DC 
$620000 
3136 
M 76 
DC 
$004800 
18 
A-AE 
DC 
$6EOOOO 
3520 
M-77 
DC 
$004000 
16 
A AF 
DC 
$6AOOOO 
3392 
M-78 
DC 
$003800 
14 
A-BO 
DC 
$2BOOOO 
1376 
M-79 
DC 
$003000 
12 
A-B1 
DC 
$290000 
1312 
M 7A 
DC 
$002800 
10 
A-B2 
DC 
$2FOOOO 
1504 
M 7B 
DC 
$002000 
8 
A-B3 
DC 
$200000 
1440 
M-7C 
DC 
$001800 
6 
A-B4 
DC 
$230000 
1120 
M-7D 
DC 
$001000 
4 
A-B5 
DC 
$210000 
1056 
M 
7E 
DC 
$000800 
2 
A-B6 
DC 
$270000 
1248 
M 7F 
DC 
$000000 
0 
A B7 
DC 
$250000 
1184 
A B8 
DC 
$3BOOOO 
1888 
A 80 
DC 
$158000 
688 
A 
B9 
DC 
$390000 
1824 
A-81 
DC 
$148000 
656 
A 
BA 
DC 
$3FOOOO 
2016 
A 82 
DC 
$178000 
752 
A-BB 
DC 
$300000 
1952 
A 83 
DC 
$168000 
720 
A-BC 
DC 
$330000 
1632 
A-84 
DC 
$118000 
560 
A-BD 
DC 
$310000 
1568 
A 85 
DC 
$108000 
528 
A-BE 
DC 
$370000 
1760 
A 86 
DC 
$138000 
624 
A-BF 
DC 
$350000 
1696 
A-87 
DC 
$128000 
592 
A-CO 
DC 
$015800 
43 
A-88 
DC 
$108000 
944 
A-C1 
DC 
$014800 
41 
A 89 
DC 
$lC8000 
912 
A C2 
DC 
$017800 
47 
A-8A 
DC 
$lF8000 
1008 
A-C3 
DC 
$016800 
45 
A-8B 
DC 
$lE8000 
976 
A-C4 
DC 
$011800 
35 
A-8C 
DC 
$198000 
816 
A C5 
DC 
$010800 
33 
A 
80 
DC 
$188000 
784 
A-C6 
DC 
$013800 
39 
A-8E 
DC 
$lB8000 
880 
A-C7 
DC 
$012800 
37 
A 
8F 
DC 
$lA8000 
848 
A-C8 
DC 
$010800 
59 
A-90 
DC 
$OACOOO 
344 
A-C9 
DC 
$01C800 
57 
A 91 
DC 
$OMOOO 
328 
A CA 
DC 
$01F800 
63 
A 92 
DC 
$OBCOOO 
376 
A-CB 
DC 
$01E800 
61 
A 93 
DC 
$OB4000 
360 
A CC 
DC 
$019800 
51 
A-94 
DC 
$08COOO 
280 
A-CD 
DC 
$018800 
49 
A 
95 
DC 
$084000 
264 
A-CE 
DC 
$01B800 
55 
A-96 
DC 
$09COOO 
312 
A-CF 
DC 
$01A800 
53 
A-97 
DC 
$094000 
296 
A-DO 
DC 
$005800 
11 
A-98 
DC 
$OECOOO 
472 
A-D1 
DC 
$004800 
9 
A-99 
DC 
$OE4000 
456 
A-D2 
DC 
$007800 
15 


DSP56001 


A 
D3 
DC 
$006800 
13 
A 
D4 
DC 
$001800 
3 
A 
D5 
DC 
$000800 
1 
A-D6 
DC 
$003800 
7 
A-D7 
DC 
$002800 
5 
A-D8 
DC 
$00D800 
27 
A-D9 
DC 
$00C800 
25 
A 
DA 
DC 
$00F800 
31 
A-DB 
DC 
$00E800 
29 
A 
DC 
DC 
$009800 
19 
A 
DD 
DC 
$008800 
17 
A 
DE 
DC 
$00B800 
23 
A 
DF 
DC 
$00A800 
21 
A 
EO 
DC 
$056000 
172 
A 
E1 
DC 
$052000 
164 
II 


A 
E2 
DC 
$05EOOO 
188 
A 
E3 
DC 
$05AOOO 
180 
A-E4 
DC 
$046000 
140 
A-E5 
DC 
$042000 
132 
A 
E6 
DC 
$04EOOO 
156 
A 
E7 
DC 
$04AOOO 
148 
A 
E8 
DC 
$076000 
236 
A-E9 
DC 
$072000 
228 
A EA 
DC 
$07EOOO 
252 
A 
EB 
DC 
$07AOOO 
244 
A 
EC 
DC 
$066000 
204 
A 
ED 
DC 
$062000 
196 
A 
EE 
DC 
$06EOOO 
220 
A 
EF 
DC 
$06AOOO 
212 
A-FO 
DC 
$02BOOO 
86 
A 
F1 
DC 
$029000 
82 
A-F2 
DC 
$02FOOO 
94 
A 
F3 
DC 
$02DOOO 
90 
A 
F4 
DC 
$023000 
70 
A 
F5 
DC 
$021000 
66 
A-F6 
DC 
$027000 
78 
A-F7 
DC 
$025000 
74 
A-F8 
DC 
$03BOOO 
118 
A-F9 
DC 
$039000 
114 
A 
FA 
DC 
$03FOOO 
126 
A-FB 
DC 
$03DOOO 
122 
A-FC 
DC 
$033000 
102 
A 
FD 
DC 
$031000 
98 
A 
FE 
DC 
$037000 
110 
A 
FF 
DC 
$035000 
106 
END 


I 
c 
~~~m00~ 


START 
xromdos 
0000 
0000 


DATA 
X 0100 
7D7COO 
797COO 
757COO 
717COO 
6D7COO 
697COO 
657COO 
617COO 
5D7COO 
597COO 
557COO 
517COO 
4D7COO 
497COO 
457COO 
417COO 
3E7COO 
3C7COO 
3A7COO 
387COO 
367COO 
347COO 
327COO 
307COO 
2E7COO 
2C7COO 
2A7COO 
287COO 
267COO 
247COO 
227COO 
207COO 
1EFCOO 
10FCOO 
1CFCOO 
1BFCOO 
1AFCOO 
19FCOO 
18FCOO 
17FCOO 
16FCOO 
15FCOO 
14FCOO 
13FCOO 
12FCOO 
11FCOO 
10FCOO 
OFFCOO 
OF3COO 
OEBCOO 
OE3COO 
OOBCOO 
003COO 
OCBCOO 
OC3COO 
OBBCOO 
OB3COO 
OABCOO 
OA3COO 
09BCOO 
093COO 
08BCOO 
083COO 
07BCOO 
075COO 
071COO 
06DCOO 
069COO 
065COO 
061COO 
050COO 
059COO 
055COO 
051COO 
040COO 
049COO 
045COO 
041COO 
030COO 
039COO 
036COO 
034COO 
032COO 
030COO 
02ECOO 
02CCOO 
02ACOO 
028COO 
026COO 
024COO 
022COO 
020COO 
01ECOO 
01CCOO 
01ACOO 
018COO 
017400 
016400 
015400 
014400 
013400 
012400 
011400 
010400 
00F400 
00E400 
000400 
00C400 
00B400 
00A400 
~ 
009400 
008400 
007800 
007000 
006800 
006000 
005800 
005000 
004800 
004000 
003800 
w 
003000 
002800 
002000 
001800 
001000 
000800 
000000 
158000 
148000 
178000 
168000 
0 
118000 
108000 
138000 
128000 
108000 
1C8000 
1F8000 
1E8000 
198000 
188000 
1B8000 
1A8000 
OACOOO 
OA4000 
OBCOOO 
OB4000 
08COOO 
084000 
09COOO 
094000 
OECOOO 
OE4000 
OFCOOO 
OF4000 
OCCOOO 
OC4000 
OOCOOO 
004000 
560000 
520000 
5EOOOO 
5AOOOO 
460000 
420000 
4EOOOO 
4AOOOO 
760000 
720000 
7EOOOO 
7AOOOO 
660000 
620000 
6EOOOO 
6AOOOO 
2BOOOO 
290000 
2FOOOO 
200000 
230000 
210000 
270000 
250000 
3BOOOO 
390000 
3FOOOO 
3DOOOO 
330000 
310000 
370000 
350000 
015800 
014800 
017800 
016800 
011800 
010800 
013800 
012800 
010800 
01C800 
01F800 
01E800 
019800 
018800 
01B800 
01A800 
005800 
004800 
007800 
006800 
001800 
000800 
003800 
002800 
000800 
00C800 
00F800 
00E800 
009800 
008800 
00B800 
00A800 
056000 
052000 
05EOOO 
05AOOO 
046000 
042000 
04EOOO 
04AOOO 
076000 
072000 
07EOOO 
07AOOO 
066000 
062000 
06EOOO 
06AOOO 
02BOOO 
029000 
02FOOO 
020000 
023000 
021000 
027000 
025000 
03BOOO 
039000'03FOOO 
030000 
033000 
031000 
037000 
035000 
ENO 


APPENDIX III 
SINE WAVE TABLE 


ORG 
Y:$100 


S 00 
DC 
$000000 
0.00000000000000000000000 
S-Ol 
DC 
$03242B 
0.02454125881195068359375 
S-02 
DC 
$0647D9 
0.04906761646270751953125 
S-03 
DC 
$096A90 
0.07356452941894531250000 
S-04 
DC 
$OC8BD3 
0.09801709651947021484375 
S 05 
DC 
$OFAB27 
0.1224106550216674804687~ 
S-06 
DC 
$12C810 
0.14673042297363281250000 
II 


S-07 
DC 
$15E214 
0.17096185684204101562500 
S-08 
DC 
$18F8B8 
0.19509029388427734375000 
S 09 
DC 
$lCOB82 
0.21910119056701660156250 
S OA 
DC 
$lF19F9 
0.24298012256622314453125 
S OB 
DC 
$2223A5 
0.26671278476715087890625 
S-OC 
DC 
$25280C 
0.29028463363647460937500 
S-OD 
DC 
$2826B9 
0.31368172168731689453125 
S OE 
DC 
$2B1F35 
0.33688986301422119140625 
S-OF 
DC 
$2EllOA 
0.35989499092102050781250 
S 10 
DC 
$30FBC5 
0.38268339633941650390625 
S-ll 
DC 
$33DEF3 
0.40524137020111083984375 
S-12 
DC 
$36BA20 
0.42755508422851562500000 
S 13 
DC 
$398CDD 
0.44961130619049072265625 
S 
14 
DC 
$3C56BA 
0.47139668464660644531250 
S 
15 
DC 
$3F174A 
0.49289822578430175781250 
S-16 
DC 
$41CE1E 
0.51410269737243652343750 
S-17 
DC 
$447ACD 
0.53499758243560791015625 
S 18 
DC 
$471CED 
0.55557024478912353515625 
S-19 
DC 
$49B415 
0.57580816745758056640625 
S 
1A 
DC 
$4C3FEO 
0.59569931030273437500000 
S 1B 
DC 
$4EBFE9 
0.61523163318634033203125 
S-lC 
DC 
$5133CD 
0.63439333438873291015625 
S-lD 
DC 
$539B2B 
0.65317285060882568359375 
S-lE 
DC 
$55F5A5 
0.67155897617340087890625 
S 1F 
DC 
$5842DD 
0.68954050540924072265625 
S 20 
DC 
$5A827A 
0.70710682868957519531250 
S 21 
DC 
$5CB421 
0.72424709796905517578125 
S-22 
DC 
$5ED77D 
0.74095118045806884765625 
S-23 
DC 
$60EC38 
0.75720882415771484375000 
S-24 
DC 
$62F202 
0.77301049232482910156250 
S-25 
DC 
$64E889 
0.78834640979766845703125 
S-26 
DC 
$66CF81 
0.80320751667022705078125 
S 27 
DC 
$68A69F 
0.81758487224578857421875 
S 28 
DC 
$6A6D99 
0.83146965503692626953125 
S-29 
DC 
$6C2429 
0.84485352039337158203125 
S-2A 
DC 
$6DCAOD 
0.85772860050201416015625 
S 2B 
DC 
$6F5F03 
0.87008702754974365234375 
S-2C 
DC 
$70E2CC 
0.88192129135131835937500 
S 2D 
DC 
$72552D 
0.89322435855865478515625 
S-2E 
DC 
$73B5EC 
0.90398931503295898437500 
S-2F 
DC 
$7504D3 
0.91420972347259521484375 


DSP56001 


S 30 
DC 
$7641AF 
0.92387950420379638671875 
S 31 
DC 
$776C4F 
0.93299281597137451171875 
S 32 
DC 
$788484 
0.94154405593872070312500 
S-33 
DC 
$798A24 
0.94952821731567382812500 
S 34 
DC 
$7A7D05 
0.95694029331207275390625 
S-35 
DC 
$7B5D04 
0.96377611160278320312500 
S-36 
DC 
$7C29FC 
0.97003126144409179687500 
S-37 
DC 
$7CE3CF 
0.97570216655731201171875 
S 38 
DC 
$7D8A5F 
0.98078525066375732421875 
S 39 
DC 
$7E1D94 
0.98527765274047851562500 
S-3A 
DC 
$7E9D56 
0.98917651176452636718750 
S 3B 
DC 
$7F0992 
0.99247956275939941406250 
S 3C 
DC 
$7F6237 
0.99518477916717529296875 
S 3D 
DC 
$7FA737 
0.99729049205780029296875 
II 


S 3E 
DC 
$7FD888 
0.99879550933837890625000 
S 3F 
DC 
$7FF622 
0.99969887733459472656250 
S 40 
DC 
$7FFFFF 
0.99999988079071044921875 
S 41 
DC 
$7FF622 
0.99969887733459472656250 
S 42 
DC 
$7FD888 
0.99879550933837890625000 
S 43 
DC 
$7FA737 
0.99729049205780029296875 
S 44 
DC 
$7F6237 
0.99518477916717529296875 
S-45 
DC 
$7F0992 
0.99247956275939941406250 
S-46 
DC 
$7E9D56 
0.98917651176452636718750 
S 47 
DC 
$7E1D94 
0.98527765274047851562500 
S 48 
DC 
$7D8A5F 
0.98078525066375732421875 
S 49 
DC 
$7CE3CF 
0.97570216655731201171875 
S 4A 
DC 
$7C29FC 
0.97003126144409179687500 
S-4B 
DC 
$7B5D04 
0.96377611160278320312500 
S 4C 
DC 
$7A7D05 
0.95694029331207275390625 
S 4D 
DC 
$798A24 
0.94952821731567382812500 
S 4E 
DC 
$788484 
0.94154405593872070312500 
S-4F 
DC 
$776C4F 
0.93299281597137451171875 
S-50 
DC 
$7641AF 
0.92387950420379638671875 
S 51 
DC 
$7504D3 
0.91420972347259521484375 
S 52 
DC 
$73B5EC 
0.90398931503295898437500 
S 53 
DC 
$72552D 
0.89322435855865478515625 
S-54 
DC 
$70E2CC 
0.88192129135131835937500 
S 55 
DC 
$6F5F03 
0.87008702754974365234375 
S-56 
DC 
$6DCAOD 
0.85772860050201416015625 
S 57 
DC 
$6C2429 
0.84485352039337158203125 
S 58 
DC 
$6A6D99 
0.83146965503692626953125 
S-59 
DC 
$68A69F 
0.81758487224578857421875 
S 5A 
DC 
$66CF81 
0.80320751667022705078125 
S-5B 
DC 
$64E889 
0.78834640979766845703125 
S 5C 
DC 
$62F202 
0.77301049232482910156250 
S 5D 
DC 
$60EC38 
0.757208824157714S4375000 
S-5E 
DC 
$5ED77D 
0.74095118045806884765625 
S-5F 
DC 
$5CB421 
0.72424709796905517578125 
S 60 
DC 
$5A827A 
0.70710682868957519531250 
S-61 
DC 
$5842DD 
0.68954050540924072265625 
S-62 
DC 
$55F5A5 
0.67155897617340087890625 
S 63 
DC 
$539B2B 
0.65317285060882568359375 
S-64 
DC 
$5133CD 
0.63439333438873291015625 
S-65 
DC 
$4EBFE9 
0.61523163318634033203125 
S 66 
DC 
$4C3FEO 
0.59569931030273437500000 
S-67 
DC 
$49B415 
0.57580816745758056640625 


DSP56001 


8 68 
DC 
$471CED 
0.55557024478912353515625 
8 69 
DC 
$447ACD 
0.53499758243560791015625 
8 6A 
DC 
$41CE1E 
0.51410269737243652343750 
8 6B 
DC 
$3F174A 
0.49289822578430175781250 
8-6C 
DC 
$3C56BA 
0.47139668464660644531250 
8 6D 
DC 
$398CDD 
0.44961130619049072265625 
8-6E 
DC 
$36BA20 
0.42755508422851562500000 
8 6F 
DC 
$33DEF3 
0.40524137020111083984375 
8 70 
DC 
$30FBC5 
0.38268339633941650390625 
8 71 
DC 
$2EllOA 
0.35989499092102050781250 
8-72 
DC 
$2B1F35 
0.33688986301422119140625 
8 73 
DC 
$2826B9 
0.31368172168731689453125 
8 74 
DC 
$25280C 
0.29028463363647460937500 
8 75 
DC 
$2223A5 
0.26671278476715087890625 
8 76 
DC 
$1F19F9 
0.24298012256622314453125 
II 


8 77 
DC 
$lCOB82 
0.21910119056701660156250 
8 78 
DC 
$18F8B8 
0.19509029388427734375000 
8 79 
DC 
$15E214 
0.17096185684204101562500 
8-7A 
DC 
$12C810 
0.14673042297363281250000 
8-7B 
DC 
$OFAB27 
0.12241065502166748046875 
8 7C 
DC 
$OC8BD3 
0.09801709651947021484375 
8-7D 
DC 
$096A90 
0.07356452941894531250000 
8 7E 
DC 
$0647D9 
0.04906761646270751953125 
8 7F 
DC 
$03242B 
0.02454125881195068359375 
8-80 
DC 
$000000 
0.00000000000000000000000 
8-81 
DC 
$FCDBD5 
-0.02454125881195068359375 
8 82 
DC 
$F9B827 
-0.04906761646270751953125 
8 83 
DC 
$F69570 
-0.07356452941894531250000 
8-84 
DC 
$F3742D 
-0.09801709651947021484375 
8-85 
DC 
$F054D9 
-0.12241065502166748046875 
8 86 
DC 
$ED37FO 
-0.14673042297363281250000 
8-87 
DC 
$EA1DEC 
-0.17096185684204101562500 
8-88 
DC 
$E70748 
-0.19509029388427734375000 
8-89 
DC 
$E3F47E 
-0.21910119056701660156250 
8-8A 
DC 
$EOE607 
-0.24298012256622314453125 
8-8B 
DC 
$DDDC5B 
-0.26671278476715087890625 
8 8C 
DC 
$DAD7F4 
-0.29028463363647460937500 
8-8D 
DC 
$D7D947 
-0.31368172168731689453125 
8 8E 
DC 
$D4EOCB 
-0.33688986301422119140625 
8 8F 
DC 
$D1EEF6 
-0.35989499092102050781250 
8 90 
DC 
$CF043B 
-0.38268339633941650390625 
8-91 
DC 
$CC210D 
-0.40524137020111083984375 
8 92 
DC 
$C945EO 
-0.42755508422851562500000 
8 93 
DC 
$C67323 
-0.44961130619049072265625 
8-94 
DC 
$C3A946 
-0.47139668464660644531250 
8 95 
DC 
$COE8B6 
-0.49289822578430175781250 
8-96 
DC 
$BE31E2 
-0.51410269737243652343750 
8-97 
DC 
$BB8533 
-0.53499758243560791015625 
8 98 
DC 
$B8E313 
-0.55557024478912353515625 
8-99 
DC 
$B64BEB 
-0.57580816745758056640625 
8 9A 
DC 
$B3C020 
-0.59569931030273437500000 
8-9B 
DC 
$B14017 
-0.61523163318634033203125 
8-9C 
DC 
$AECC33 
-0.63439333438873291015625 
8 9D 
DC 
$AC64D5 
-0.65317285060882568359375 
8-9E 
DC 
$AAOA5B 
-0.67155897617340087890625 
8-9F 
DC 
$A7BD23 
-0.68954050540924072265625 
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S AO 
S-A1 
S A2 
S 
A3 
S A4 
S-A5 
S-A6 
S A7 
S-A8 
S-A9 
SAA 
S AB 
S 
AC 
S AO 
S AE 
S-AF 
S-BO 
S-B1 
S-B2 
S-B3 
S-B4 
S-B5 
S-B6 
S-B7 
S-B8 
S 
B9 
S-BA 
S-BB 
S-BC 
S-BO 
S BE 
S BF 
S-CO 
S-C1 
S-C2 


S 
C3 
S-C4 
S C5 
S C6 
S C7 
S C8 
S-C9 
S-CA 
S-CB 
S-CC 
S co 
S 
CE 
S CF 
S 00 
S-01 
S-02 
S-03 
S-04 
S-05 
S-06 
S-07 


$A57086 
$A34BOF 
$A12883 
$9F13C8 
$9000FE 
$9B1777 
$99307F 
$975961 
$959267 
$930B07 
$9235F3 
$90AOFO 
$8F1034 
$80AA03 
$8C4A14 
$8AFB20 
$89BE51 
$8893B1 
$877B7C 
$86750C 
$8582FB 
$84A2FC 
$830604 
$831C31 
$8275A1 
$81E26C 
$8162AA 
$80F66E 
$8090C9 
$8058C9 
$802778 
$80090E 
$800000 
$80090E 
$802778 
$8058C9 
$8090C9 
$80F66E 
$8162AA 
$81E26C 
$8275A1 
$831C31 
$830604 
$84A2FC 
$8582FB 
$86750C 
$877B7C 
$8893B1 
$89BE51 
$8AFB20 
$8C4A14 
$80AA03 
$8F1034 
$90AOFO 
$9235F3 
$930B07 


-0.70710682868957519531250 
-0.72424709796905517578125 
-0.74095118045806884765625 
-0.75720882415771484375000 
-0.77301049232482910156250 
-0.78834640979766845703125 
-0.80320751667022705078125 
-0.81758487224578857421875 
-0.83146965503692626953125 
-0.84485352039337158203125 
-0.85772860050201416015625 
-0.87008702754974365234375 
-0.88192129135131835937500 
-0.89322435855865478515625 
-0.90398931503295898437500 
-0.91420972347259521484375 
-0.92387950420379638671875 
-0.93299281597137451171875 
-0.94154405593872070312500 
-0.94952821731567382812500 
-0.95694029331207275390625 
-0.96377611160278320312500 
-0.97003126144409179687500 
-0.97570216655731201171875 
-0.98078525066375732421875 
-0.98527765274047851562500 
-0.98917651176452636718750 
-0.99247956275939941406250 
-0.99518477916717529296875 
-0.99729049205780029296875 
-0.99879550933837890625000 
-0.99969887733459472656250 
-1.00000000000000000000000 
-0.99969887733459472656250 
-0.99879550933837890625000 
-0.99729049205780029296875 
-0.99518477916717529296875 
-0.99247956275939941406250 
-0.98917651176452636718750 
-0.98527765274047851562500 
-0.98078525066375732421875 
-0.97570216655731201171875 
-0.97003126144409179687500 
-0.96377611160278320312500 
-0.95694029331207275390625 
-0.94952821731567382812500 
-0.94154405593872070312500 
-0.93299281597137451171875 
-0.92387950420379638671875 
-0.91420972347259521484375 
-0.90398931503295898437500 
-0.89322435855865478515625 
-0.88192129135131835937500 
-0.87008702754974365234375 
-0.85772860050201416015625 
-0.84485352039337158203125 


S 08 
S-D9 
S-DA 
S-DB 
S DC 
S 
DO 
S-DE 
S OF 
S-EO 
S-E1 
S-E2 
S-E3 
S E4 
S E5 
S E6 
S-E7 
S-E8 
S E9 
S-EA 
S-EB 
S EC 
S ED 
S-EE 
S-EF 
S 
FO 
S-F1 
S-F2 
S-F3 
S-F4 
S F5 
S F6 
S-F7 
S-F8 
S-F9 
S FA 
S-FB 
S-FC 
S-FD 
S-FE 
S-FF 


DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
DC 
END 


$959267 
$975961 
$99307F 
$9B1777 
$9DODFE 
$9F13C8 
$A12883 
$A34BDF 
$A57D86 
$A7BD23 
$AAOA5B 
$AC64D5 
$AECC33 
$B14017 
$B3C020 
$B64BEB 
$B8E313 
$BB8533 
$BE31E2 
$COE8B6 
$C3A946 
$C6.7323 
$C945EO 
$CC210D 
$CF043B 
$D1EEF6 
$D4EOCB 
$070947 
$DAD7F4 
$DDDC5B 
$EOE607 
$E3F47E 
$E70748 
$EA1DEC 
$ED37FO 
$F054D9 
$F3742D 
$F69570 
$F9B827 
$FCDBD5 


-0.83146965503692626953125 
-0.81758487224578857421875 
-0.80320751667022705078125 
-0.78834640979766845703125 
-0.77301049232482910156250 
-0.75720882415771484375000 
-0.74095118045806884765625 
-0.72424709796905517578125 
-0.70710682868957519531250 
-0.68954050540924072265625 
-0.67155897617340087890625 
-0.65317285060882568359375 
-0.63439333438873291015625 
-0.61523163318634033203125 
-0.59569931030273437500000 
-0.57580816745758056640625 
-0.55557024478912353515625 
-0.53499758243560791015625 
-0.51410269737243652343750 
-0.49289822578430175781250 
-0.47139668464660644531250 
-0.44961130619049072265625 
-0.42755508422851562500000 
-0.40524137020111083984375 
-0.38268339633941650390625 
-0.35989499092102050781250 
-0.33688986301422119140625 
-0.31368172168731689453125 
-0.29028463363647460937500 
-0.26671278476715087890625 
-0.24298012256622314453125 
-0.21910119056701660156250 
-0.19509029388427734375000 
-0.17096185684204101562500 
-0.14673042297363281250000 
-0.12241065502166748046875 
-0.09801709651947021484375 
-0.07356452941894531250000 
-0.04906761646270751953125 
-0.02454125881195068359375 
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c 
~~~m0 
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START 
sinegen 
0000 
0000 


DATA 
Y 0100 
000000 
03242B 
064709 
096A90 
OC8B03 
OFAB27 
12C810 
15E214 
18F8B8 
1COB82 
1F19F9 
2223A5 
25280C 
2826B9 
2B1F35 
2E110A 
30FBC5 
330EF3 
36BA20 
398COO 
3C56BA 
3F174A 
41CE1E 
447ACO 
471CEO 
49B415 
4C3FEO 
4EBFE9 
5133CO 
539B2B 
55F5A5 
584200 
5A827A 
5CB421 
5E0770 
60EC38 
62F202 
64E889 
66CF81 
68A69F 
6A6099 
6C2429 
60CAOO 
6F5F03 
70E2CC 
725520 
73B5EC 
750403 
7641AF 
776C4F 
788484 
798A24 
7A7005 
7B5004 
7C29FC 
7CE3CF 
708A5F 
7E1094 
7E9056 
7F0992 
7F6237 
7FA737 
7F0888 
7FF622 
7FFFFF 
7FF622 
7F0888 
7FA737 
7F6237 
7F0992 
7E9056 
7E1094 
708A5F 
7CE3CF 
7C29FC 
7B5004 
7A7005 
798A24 
788484 
776C4F 
7641AF 
750403 
73B5EC 
725520 
70E2CC 
6F5F03 
60CAOO 
6C2429 
6A6099 
68A69F 
66CF81 
64E889 
62F202 
60EC38 
5ED770 
5CB421 
5A827A 
584200 
55F5A5 
539B2B 
5133CO 
4EBFE9 
4C3FEO 
49B415 
471CEO 
447ACO 
41CE1E 
3F174A 
3C56BA 
398CDO 
w 
36BA20 
330EF3 
30FBC5 
2E110A 
2B1F35 
2826B9 
25280C 
2223A5 
1F19F9 
1COB82 
18F8B8 
W 
15E214 
12C810 
OFAB27 
OC8B03 
096A90 
064709 
03242B 
000000 
FCOB05 
F9B827 
F69570 
m 
F37420 
F05409 
E037FO 
EA10EC 
E70748 
E3F47E 
EOE607 
000C5B 
OAD7F4 
070947 
04EOCB 
01EEF6 
CF043B 
CC2100 
C945EO 
C67323 
C3A946 
COE8B6 
BE31E2 
BB8533 
B8E313 
B64BEB 
B3C020 
B14017 
AECC33 
AC6405 
AAOA5B 
A7B023 
A57086 
A34BOF 
A12883 
9F13C8 
900DFE 
9B1777 
99307F 
975961 
959267 
930B07 
9235F3 
90AOFO 
8F1034 
80AA03 
8C4A14 
8AFB2D 
89BE51 
8893B1 
877B7C 
86750C 
8582FB 
84A2FC 
830604 
831C31 
8275A1 
81E26C 
8162AA 
80F66E 
8090C9 
8058C9 
802778 
80090E 
800000 
80090E 
802778 
8058C9 
8090C9 
80F66E 
8162AA 
81E26C 
8275A1 
831C31 
830604 
84A2FC 
8582FB 
8675DC 
877B7C 
8893B1 
89BE51 
8AFB20 
8C4A14 
80AA03 
8F1034 
90AOFO 
9235F3 
930B07 
959267 
975961 
99307F 
9B177 
9000FE 
9F13C8 
A12883 
A34BOF 
A57086 
A7B023 
AAOA5B 
AC6405 
AECC33 
B14017 
B3C020 
B64BEB 
B8E313 
BB8533 
BE31E2 
COE8B6 
C3A946 
C67323 
C945EO 
CC2100 
CF043B 
01EEF6 
04EOCB 
070947 
OA07F4 
000C5B 
EOE607 
E3F47E 
E70748 
EA10EC 
E037FO 
F05409 
F3742D 
F69570 
F9B827 
FCOB05 
END 
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Technical Summary 
Cascadable Adaptive Finite Impulse Response 
Digital Filter (CAFIR) 


This document 
provides 
a technical 
summary 
of the DSP56200, a Cascadable Adaptive 
Finite Impulse 
Response (CAFIR) 


digital filter 
chip. For users not familiar 
with digital 
filtering, 
an appendix 
on this topic 
is also included. 
The DSP56200 is an algorithm 
specific, digital 
signal processing 
(DSP) peripheral 
designed 
to perform 
computationally- 
intensive 
tasks associated 
with digital 
filtering. 
Two principal 
functions 
are performed 
by the DSP56200 - 
FIR filtering 
and adaptive 
FIR filtering 
using the Least-Mean-Square 
(LMS) algorithm. 
A flexible 
chip-cascading 
scheme enables the 
user to easily build filters with extended 
tap lengths 
and/or increased speed. Its performance, 
features, 
and simple 
inter- 
face make the DSP56200 a natural solution 
for problems 
such as echo cancelling, 
telephone 
line equalization, 
noise can- 
celling, 
conventional 
filtering, 
and many other DSP applications. 
Key features of the DSP56200 are: 


• 
Three Modes of Operation 
Single FIR Filter 
- 
Dual FIR Filter (Two Independent 
FIR Filters) 
- 
Single Adaptive 
FIR Filter 


• 
High Performance 
Hardware 
24 x 16 Bit Multiplication 
with 40-Bit Accumulation 
10.25 MHz Internal Operation 
Single-Cycle 
Multiply-Accumulate 
Single-Cycle 
Update of a Coefficient 
Ultra-Low-Power 
Standby 
Mode 
256 x 24-bit Coefficient 
RAM 
256 x 16-bit Data RAM 
Unused RAM Available 
for System Storage 
28-Pin Dual-in-Line 
Package 


• 
Architecture 
Optimized 
for Digital 
Filtering 
- 
Three Execution 
Units Operate in Parallel 
- 
Multiple 
Internal 
Buses 
• 
Digital 
Filtering 
Features 
16-Bit Rounding 
Option on Filtered Output 
de Tap Option 
Programmable 
Filter Tap Length (4 to 256 Taps) 
Programmable 
Loop Gain' 
Programmable 
Coefficient 
Leakage Term' 


Adaptation 
Disable Capability' 


LMS Adaptation 
Algorithm' 


• 
Unlimited 
Cascadability 
Offers' 


- 
Longer-Tap 
Filters 
- 
Higher Sampling 
Rates 


• 
High Throughput 
Rates - 
Examples of Possible Configurations 
227 kHz FIR Filter (32 Taps, 1 DSP56200) 
37 kHz FIR Filter (256 Taps, 1 DSP56200) 
115 kHz Adaptive 
Filter (256 Taps, 8 Cascaded DSP56200s) 
19 kHz Adaptive 
Filter (256 Taps, 1 DSP56200) 
Many Other Configurations 
Possible 


• 
Simple 
Interface to Popular Hosts 
Microprocessors 
- 
Microcomputers 
- 
General Purpose Digital 
Signal Processors 


'Options 
unique 
to adaptive 
filtering 
mode 


Z'fhe DSP56200 
implements 
a true cascade. 
A true cascade 
means 
that 
the error 
term 
in the adaptive 
filtering 
mode 
is calculated 
from the partial sums of ALL chips in the cascade. 


This document contains information on a new product. Specifications and information herein are subject to change without notice. 


The DSP56200 offers two advantages over general pur- 
pose DSPs - 
higher 
pe,formance 
and minimal 
devel- 
opment 
time. 
The high 
performance 
of the DSP56200 
results from an algorithm 
specific architecture 
featuring 
three 
execution 
units - 
the Asynchronous 
Parallel 
In- 
terface, the Cascade Interface, and the Computation 
Unit 
- 
which execute in parallel (Figure 2). Development 
time 
is minimized 
because the DSP56200 is an off-the-shelf 
chip which 
requires 
no software 
development. 
The al- 
gorithms 
are implemented 
in hardware. 


ASYNCHRONOUS 
PARALLEL 
INTERFACE 
UNIT 


INTERCHIP 
COMMUNICATION 
BUS 
CASCADE 
INTERFACE 
- 


UNIT 


Careful design of the interface units has virtually 
elim- 
inated the need for "glue" 
logic when 
interfacing 
to a 
host processor or cascading DSP56200 chips. The Parallel 
Interface resembles that of a fast static RAM, and allows 
interfacing 
to fas!. general purpose DSPs and MPUs hav- 
ing tight timing 
requirements. 
The Cascade Interface per- 
forms all the functions 
associated with cascading, thereby 
simplifying 
the design of multi-chip 
systems. 
The Computation 
Unit performs 
the arithmetic 
neces- 


sary in FIR and adaptive FIRfiltering 
(Figure 3). It contains 
the hardware 
necessary for implementing 
a 256-tap FIR 
filter with adaptation 
capability, 
including 
a 256 x 24-bit 
Coefficient 
RAM, a 256 x 16-bit Data RAM, and an Arith- 
metic 
Unit. The Data RAM is configured 
as a variable 
length circular queue, allowing 
it to function 
as a virtual 
shift 
register. 
The Arithmetic 
Unit configures 
itself 
for 
both the LMS adaptation 
algorithm 
and the FIR filter cal- 
culation, 
implements 
the available 
digital 
filtering 
op- 
tions, performs 
100 ns 24 x 16-bit multiply-accumulates, 


and performs 
100 ns coefficient 
updates. It is further 
de- 
scribed in the INTERNAL 
ARITHMETIC 
DESCRIPTION. 


The DSP56200 is designed 
to operate in one of three 
modes - 
Single FIR Filter, Dual FIR Filter, or Single Adap- 


tive FIR Filter. Functional diagrams 
of these three config- 
urations 
are shown 
in Figure 4. Users unfamiliar 
with 
digital 
filtering 
should 
refer to Appendix 
1. 


FIR filtering 
is a simple way to perform 
digital filtering. 


The Single FIR Filter mode is used to implement 
one FIR 
filter, either on a single chip or on several DSP56200s in 
a cascade (with up to 256 taps per chip). Using software 
design tools, filter coefficients 
can be calculated to obtain 
the desired frequency 
response for performing 
functions 
such as differentiating, 
bandpass filtering, 
and lowpass 
filtering. 
In this 
mode, 
the DSP56200 is configured 
to 
implement 
the FIR filtering 
equation 
(see Appendix 
1). 


The Dual FIR Filter mode is an extension 
of the Single 


FIR Filter mode. It allows 
two independent 
inputs, 
x1(n) 
and x2(n), to be FIR filtered 
using 
only one DSP56200. 


Note that both filters 
must use the same number 
of taps 


up to a maximum 
of 128. The DSP56200 is not adaptive 


or cascadable 
in the Dual FIR Filter mode. 


The Single Adaptive 
FIR Filter mode provides 
a unique 


solution 
to problems 
such as echo cancelling 
and adap- 
tive equalization 
of telephone 
lines. This mode is used to 


x (n) -1__ 
H_(_Z)__ 
~ 
Y (n) 


x, 
(n)-1__ 
H_,_(Z_) _~ 
Y, 
(n) 


x2(n) -1__ 
H_2_(_Z) __ 
~ 
Y 2 (n) 


(e) 
SINGLE ADAPTIVE FIR FilTER 
MODE 


Figure 4. DSP56200 
Configurations 


implement 
one adaptive 
filter, 
either on a single chip or 


on several 
DSP56200s in cascade. Adaptive 
filters 
must 


perform 
the FIR filter multiply·accumulate 
operation, 
fol- 


lowed 
by an adaptation 
operation 
to modify 
the coeffi- 
cients. The DSP56200 updates every filter coefficient 
once 


during each sample period using the Least-Mean-Squares 
(LMS) adaptation 
algorithm. 


The key to the accu racy of the DSP56200 is its Arith- 


metic Unit. Accuracy 
is affected 
by the number 
of bits in 


the coefficient 
and the errors due to rounding. 
In FIR filter 
applications, 
the actual frequency 
response 
will 
deviate 


from 
the user's desired 
response 
if not enough 
bits are 


used to represent the coefficients. 
Wider coefficient 
word 


widths 
also enable 
adaptive 
filters 
to more 
closely 
ap- 


proximate 
a desired impulse response, resulting in smaller 
error terms. 
Roundoff 
errors decrease as the size of the 


accumulator 
and coefficients 
increases. 
The DSP56200 


uses a 24-bit coefficient. 
and will accept data words 
hav· 


ing up to 16 bits. The results of the multiply-accumulate 
operation 
are stored in a 40-bit accumulator. 
Both the 16- 
bit data samples 
and 24-bit coefficients 
are represented 
as signed fractional 
numbers. 


In FIR filtering 
applications, 
the filtering 
process is de- 


scribed 
by the following 
equation: 


N·1 


y(n) 
= L h(i) x (n-i) 
i=O 


The "ith" 
coefficient 
is represented 
by h(i), and x(n-i) 


represents one of the previous data samples. In this mode, 
the Arithmetic 
Unit 
is configured 
as a multiplier-accu- 


mulator 
as shown 
in Figure 5. 


II 


II 


Adaptive filtering 
is a two-step process. First. the error 
term 
(the filter's 
output) 
is calculated 
and second, the 
error term is used to update the coefficients. 
The error 
calculation 
is described by: 


N-1 


din) - 2: hli) x (n-i) 
i=O 


where din) represents the reference (desired) input of the 
adaptive filter. During this first step, an FIR filtering 
op- 
eration is performed 
so that the Arithmetic 
Unit is again 
configured 
as shown 
in Figure 5. The second step in- 
volves modifying 
each coefficient 
using the LMS adap- 
tation equation: 


where K is a programmable 
loop gain, and e is the error 
term 
calculated 
in equation 
(2). The Arithmetic 
Unit is 
configured 
as shown 
in Figure 6 during the adaptation 
step, allowing 
for single-cycle updates. 
When a narrowband 
signal such as a sine wave is ap- 
plied to the filter's 
input, the coefficients 
drift from their 
true values because there is not enough frequency con- 
tent 
present 
in the signal. 
The coefficients 
will 
erro- 
neously 
grow 
in magnitude, 
resulting 
in a larger error 
term. 
The leakage term is included to compensate for coef- 
ficient drift. This B-bit user-programmable 
constant, 
lo- 
cated 
in bits 
2-16 through 
2"23, slowly 
pushes 
the 
coefficients 
towards zero, effectively 
offsetting 
the slow 
groW1h in coefficient magnitude. The term is small enough 
that it does not affect the convergence 
of the filter, but 
adequate to prevent the slow coefficient 
drift occurring 
for narrowband 
input signals. 
Rounding 
is another 
function 
performed 
within 
the 
Arithmetic 
Unit. When the DSP56200 is multiply-accu- 
mulating 
(equation 1 or 2). the final result can optionally 
be rounded 
to a 16·bit fractional 
result, prior to being 


output. 
Also, when 
updating 
coefficients 
(equation 
3), 
each new coefficient 
is convergently 
rounded to a 24-bit 
fractional 
number, and then written 
back into the 24-bit 
Coefficient 
RAM. 
The Arithmetic 
Unit also includes a dc tap option. This 
option is useful for an adaptive filter which has a dc com- 
ponent 
on one of the filter's 
inputs. An adaptive filter 
with a dc tap can synthesize a signal to cancel this com- 
ponent (such as a dc signal introduced 
through 
an AID 
converter). The dc tap can also be used to add a dc offset 
to the output when configured 
as an FIR filter. 


In measuring 
the performance 
of the DSP56200, it is 
important 
to consider 
the nature of real-time 
applica- 
tions. 
In a real-time 
DSP system dealing with digitized 
waveforms, 
all processing 
associated with 
the current 
sample must be completed before a new sample arrives. 
The simplified 
flowchart 
in Figure 7 shows the flow of 
control in a real-time environment. 
The performance 
of 
the DSP56200 is therefore 
measured by the amount 
of 
time it requires to complete 
the processing 
associated 
with the current sample. This length of time determines 
the minimal time allowable 
between samples, and is re- 
ferred to as the minimum 
sampling period. The reciprocal 
of the minimum 
sampling 
period is the system's 
maxi- 
mum sampling frequency, fs' 
There are four parameters which determine 
the max- 
imum sampling 
rate of the DSP56200: 
1) 
The number of DSP56200s cascaded together, 
2) 
The number of taps used on each DSP56200, 
3) 
The clock frequency of the DSP56200, and 
4) 
The selected mode of operation. 


OVERFLOW 
h Ii) new 


Figure 6. Arithmetic 
Unit in Coefficient Update Mode 


The 
formulas 
below 
are 
used 
to 
calculate 
the 
DSP56200's 
maximum 
sampling 
frequency 
for a given 
system. 
In many 
cases, this 
maximum 
rate can be in- 
creased by cascading 
more DSP56200 chips together 
and 
using fewer taps on each chip. 


Where: 
fck = 
DSP56200 input clock frequency 


{ 


12 + N + q 
: Single FIR Filter Mode 
# cycles = 
18+2N+q: 
Dual FIR Filter Mode 
17 + 2N + r 
: Single Adaptive 
Filter Mode 


{ 
29+n-N 
: 129+n-NI 
> 0 
q = 
0 
: otherwise 


r = 
{30+n-N 
: 130+n-N) 
> 0 
o 
: otherwise 


n = 
Number 
of chips cascaded together 
N = 
Number 
of taps used on each chip 


The intermediate 
terms, q and r, can never be negative. 


Also note that in Dual FIR Filter mode, 
N is the number 
of taps available 
for each of the two independent 
filters, 
and therefore 
N "" 128. Table 1 shows some performance 
figures 
for the DSP56200 in different 
configurations 
as- 
suming 
a 10.0 MHz external 
clock. 


Maximum Sampling Frequency (kHz) 


Number of Taps 
Mode 
32 
64 
128 
256 


FIRFilter 
227 
132 
71 
37 


Adaptive Filter 
123 
69 
37 
19 


Dual FIRFilters 
122 
68 
36 
- 


Maximum Sampling Frequency (kHz) 


Total Number of Taps 
Mode 
128 
256 
512 
1024 


FIRFilter 
222 
132 
71 
37 


Adaptive 
Filter 
120 
69 
37 
19 


Maximum Sampling Frequency (kHz) 


Total Number of Taps 
Mode 
256 
512 
1024 
2048 


FIRFilter 
204 
132 
71 
37 


Adaptive 
Filter 
115 
69 
37 
19 


Maximum Sampling Frequency (kHzl 


Total Number of Taps 
Mode 
512 
1024 
2048 
4096 


FIR Filter 
175 
132 
71 
37 


Adaptive Filter 
105 
69 
37 
19 
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The OSP56200 is a 28-pin dual-in-line 
package (DIP) 
integrated 
circuit 
(Figure 1). Its signals can logically 
be 


grouped 
into the following 
categories: 


Host Interface 
Cascade Interface 
Clocks 
Power 
Descriptions 
of these signals are presented in the follow- 


ing paragraphs. 


00-07 (Data Bus) 


These eight pins provide 
a bidirectional 
data bus for 
communication 
with a host processor. The pins remain 
in the high-impedance 
state unless both RO and CS are 
asserted. 


AO-A3 (Register Address Pins) 


AO-A3 select (in conjunction 
with the least significant 
bit of the Configuration 
Register) which register will be 
addressed when the Chip Select line is brought 
low and 
a read or write operation 
is performed. 


CS (Chip Select) 


This pin (active low) enables accesses to the chip op- 
erating registers. When not asserted, the 00-07 lines will 
go into the high-impedance 
state and all access to the 
chip will be disabled. 


RD (Read Strobe) 


When RO is asserted, the contents of the register spec- 


ified 
by AO-A3 will 
be driven 
onto 00-07. 
When RO is 
high, pins 00-07 go into the high-impedance 
state. 


WR (Write Strobe) 


This pin (active low) enables host writes to the register 
specified by AO-A3. Data on 00-07 must be valid for the 
specified setup time before the rising edge of WR. 


SOl (Serial Data Input) 


This pin is used in the cascade mode to receive data 
from the last tap of the data shift register in the preceding 
OSP56200 chip. It connects to the SOO pin of the previous 
chip in cascade. If the chip is first in cascade or is used 
in standalone 
mode, this pin should be grounded. 


SDO (Serial Data Output) 


This pin is used in the cascade mode to pass the last 
data sample in the data shift register to the next OSP56200 
in the cascade. It connects to the SOl pin of the next 
OSP56200. The output of this pin is not connected if the 
chip is used in standalone 
mode or if it is the last chip 
in a cascaded system. 


SSI (Serial Sum Input) 


This pin is used in the cascade mode to receive the 
partial sums from preceding stages. If the chip is first in 


the cascade or is used in standalone mode, this pin should 
be grounded. 


SSO (Serial Sum Out) 


This pin is primarily 
used in the cascade mode to pass 


the partial 
sums to the next OSP56200 in the cascade. 


The SSO pin is usually connected to the SSI pin of the 
next chip in the cascade. In the adaptive filter mode, the 
SSO pin of the last chip in the cascade is connected to 
the SEI pin on all chips cascaded including 
itself. This pin 


should not be connected in standalone FIR modes (single 
and dual FIR filters). 


SEI (Serial Error Input) 


This pin is used in the adaptive filter mode. It provides 


the means of receiving 
the error term output 
from the 


last chip in the cascade. In standalone 
Adaptive 
Filter 


mode, this pin is tied to the SSO pin. In cascade Adaptive 
Filter mode, this pin is tied to the SSO pin of the last chip 
in the cascade. This pin should be grounded in the Single 
FIR Filter mode or the Dual FIR Filter mode. 


CLOCK (Clock Input) 


This pin accepts the input clock for the OSP56200. The 


internal and external clocking frequencies 
are the same, 


and the maximum 
frequency for this input is 10.25 MHz. 
In cascaded systems, all OSP56200s must be driven from 
the same clock source. When CLOCK is held low, the 
device enters a power-down 
mode. 


START (Start Processing Command) 


This pin is used to provide a second clock to the chip 
at the system's 
sampling 
rate. This clock must be syn- 


chronized with the signal on the CLOCK pin in order to 
ensure proper operation. 


VDD (Power) - 
Three Pins 


VSS (Ground) - 
Three Pins 


The OSP56200 has been designed for simple interfac- 
ing to a large number of host processors. The chip's asyn- 
chronous interface meets the tight timing margins of fast 
OSP processors, and it also interfaces to slower 
micro- 
computer/microprocessor 
and OSPchips. The parallel in- 
terface resembles that of a fast static RAM. 


The speed required of the host processor is determined 
by two considerations 
- 
the time required for I/O with 
the OSP56200, and the time required by the host for ad- 
ditional 
processing of a sample. The sum of these inter- 
vals must be less than the time between 
samples 
(the 
sampling 
period). 
Slower, 
single-chip 
microcomputers 
may be adequate hosts in systems with lower sampling 
rates, and one host may even be able to support several 
different 
filters. For high sample rate applications, 
a fast 
OSP processor may be required to complete 
the neces- 
sary I/O in the allotted time. 


An example of a 4-chip adaptive filter 
interfaced 
to a 
OSP56000 host is shown in Figure 8. An external timing 
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generator 
is used to provide 
a chip clock and a START 
pulse (sample rate clock) which 
has been synchronized 
with 
the chip's clock. Note that this system could be a 
1024 tap adaptive filter with a maximum 
sampling 
rate 
of 19 kHz, or it could be a 128 tap adaptive filter with a 
maximum 
sampling 
rate of 120 kHz (32 taps per chip). 


Other combinations 
are also possible. 
Note that appli- 


cations with 
higher sampling 
rates will require faster AI 


o converters. A 4-chip FIRfilter would connect in a similar 
manner, but the SEI pins would 
be grounded. 


The DSP56200 is initialized 
and accessed by the host 
through 
a se~ of control 
and data transfer 
registers. 
In 
addition, 
the registers 
provide 
access to values 
in the 
Coefficient 
and Data RAMs, allowing 
unused memory to 
be used as auxilliary 
system storage. All register access 
occurs through the Asynchronous 
Parallel Interface Unit. 


The control 
and data registers 
are double 
buffered. 
In- 
formation 
is only passed from 
the first 
buffer 
into the 
second when the chip receives a pulse on its start pin. 
Note that no host access is allowed during the negative 
transition 
of the START signal. 


Registers in the DSP56200 have been divided into two 
banks of sixteen registers (Figure 9). Bank 0 contains the 
registers 
commonly 
accessed during 
real-time 
process- 
ing and Bank 1 registers are used for initializing 
the chip. 


The two banks share one common 
register, the Config- 
uration 
Register, located at address OF (hexadecimal) 
in 
each bank. Switching 
banks is done by complementing 
the least significant 
bit of this common 
register. Once the 
desired 
bank has been selected, 
the registers 
are ac- 
cessed using AO-A3, RD or WR, and CS. The registers 
have been ordered so that they can be accessed by the 
host using a simple autoincrementing 
address mode. 
Upon power-up, the user must initialize the chip's reg- 
isters and RAMs. This normally 
involves writing 
into the 
Configuration 
Register to select the mode of operation 
and to select Bank 1. Then, the FIR Tap Length register 
is written, 
which 
programs 
the number of taps and also 
resets the chip. Upon reset, the chip timing 
is initialized 
and the contents 
of the Data RAM are undefined. 
Next, 


the Configuration 
Register is accessed to change to Bank 
O.Then the RAMs are usually initialized by writing 
a valid 
coefficient 
into each location of the Coefficient 
RAM and 
a zero into each location of the Data RAM. One Data RAM 
location and one Coefficient 
RAM location can be written 
each sampling 
period. The DSP56200 is then ready for 
real-time 
filtering. 


X1 Register, X2 Register 


The Xl 
Register is a 16-bit register that functions 
as 
the data input 
register 
for both the FIR mode and the 
Adaptive 
FIR Filter mode. 
Data from 
the Xl 
register 
is 


copied into the Data RAM shift register once per START 


cycle. In the dual FIR mode an additional 
register called 
X2 functions as the second filter's data input register. The 
X2 register operates in a manner similar to Xl. Data from 
the X2 register is copied into the Data RAM shift register 
of the second FIR filter once per START cycle. 


o Register (Adaptive 
FIR Filter Mode Only) 


The 0 Register is a 16-bit register that functions 
as the 


reference (echo) input when the DSP56200 is used in the 
echo cancel/adaptive 
FIR filter mode. It is represented as 
dIn) in the adaptive 
filtering 
equations. 
This register 
is 
not used in the nonadaptive 
modes of operation. 


K Register (Adaptive 
FIR Filter Mode Only) 


The K register is a 16-bit register used only in the adap- 


tive filtering 
mode. K is the loop gain used in the LMS 
adaptation 
process. It is multiplied 
by the error term and 
tap X(n-i) to generate an updated value for coefficient 
hli) 
(see Appendix 
1). 
Caution 
K must always be a positive 
number, 
i.e., 


Bit 7 of the Most Significant 
Byte should 
be 
zero at all times. 


Configuration 
Register 


The Configuration 
Register 
is used to configure 
the 


modes and options of the DSP56200. The bits are defined 
in Figure 10. 
Bit 7, FIR/Adaptive 
FIR, determines 
whether 
the chip 
will operate as a finite impulse response (FIR) filter or as 
an adaptive FIR filter. This bit is set to a "1" for an adap- 
tive FIR filter. 


Bit 6, Single FIR/Dual FIR, determines whether the filter 
will 
be configured 
as a single-channel 
or dual-channel 


FIRfilter. In the dual mode, the tap lengths of both filters 
are the same and are controlled 
by the FIR Tap Length 
(FTL) register. The maximum 
value for the FTL in dual 
mode is limited to 127 (128 taps). In the dual mode, Out- 
put Data Bytes 3 and 2 contain channell 
output 
while 
Output Data Bytes 1 and 0 contain channel 2 output data 
(refer to Figure 9). 


Table 2 summarizes 
the valid 
configurations 
for the 


chip. 


Adaptive! 
SinglelOual 
Nonadaptive 
(Configuration 
(Configuration 
Mode 


Bit 7) 
Bit 6) 


0 
0 
Single 
FIR Filter 


0 
1 
Dual FIR Filter 


1 
0 
Single 
Adaptive 
FIR Filter 


1 
1 
(Operation 
Undefined) 


Bit 5, Position 
in Cascade, selects whether 
the chip is 
configured 
to operate as stand-alone/first 
in cascade, or 
in cascade but not the first chip (Table 3). The first con- 
figuration 
is selected when this bit is a zero. The second 
configuration 
is selected when this bit is a one. This bit 


must be set to a zero whenever the DSP56200 is used in 
the Dual FIR Filter Mode. 


REGISTER 
# 


o 


REGISTER 
# 


o 
Xl-HIGH 


Xl- 
LOW 


D-HIGH 


D-LOW 


K-HIGH 


K-LOW 


X2-HIGH 


X2-LOW 


DATA RAM-HIGH 


DATA RAM-LOW 


COEFFICIENT 
RAM - HIGH 


COEFFICIENT 
RAM - MID 


COEFFICIENT 
RAM - LOW 


RAM ADDRESS 


CONFIGURATION 


OUTPUT-3 


OUTPUT 
-2 


OUTPUT 
-1 


OUTPUT 
-0 


LAST TAP 1 - HIGH 


LAST TAP 
1 - LOW 


LAST TAP 2 - HIGH 


LAST TAP 2 - LOW 


DATARAM-HIGH 


DATA RAM - LOW 


COEFFICIENT 
RAM - HIGH 


COEFFICIENT 
RAM - MID 


COEFFICI"NT 
RAM - LOW 


CONFIGURATION"· 


CONFIGURATION"· 
II 


REGISTER 
# 


o 


1 


2 


3 


4 


5 


6 


7 


8 


9 


A 


B 


C 


D 


E 


F 


REGISTER 
# 


o 


1 


2 


3 


4 


5 


6 


7 


8 


9 


A 


B 


C 


D 


E 


F 


LEAKAGE 


FIR TAP LENGTH 
············· 


CONFIGURATION 


······· 


CONFIGURATION"· 


CONFIGURATION"· 


'Not 
Available 
for Use 


··The 
Configuration 
Register 
is Readable 
at Addresses 
OE and OF (Hex) 
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BANK0 I BANK1SELECT 


LEAKAGEENABLE 


DCTAP ENABLE 


COEFFICIENTUPDATEDISABLE 


ROUNDINGENABLE 


POSITIONINCASCADE 


SINGLEFIRI DUALFIR 


FIRI ADAPTIVEFIR 


Configuration 
System Configuration 
Bit 5 


0 
Single DSP56200System (Standalone) 


0 
First DSP56200in a CascadedSystem 
, 
Not First DSP56200in a CascadedSystem 


Bit 4, '6-Bit 
Rounding, selects whether the filter output 
will be represented 
as a 32-bit result in the Output Reg- 
ister, or as a rounded '6-bit 
result. In the latter case, data 
bytes 3 and 2 in the Output Register contain the valid '6- 
bit rounded result, and data bytes' 
and 0 contain invalid 
data. This bit is set to a "'" 
for '6 bit rounding. 


Bit 3, Adaptation 
Disable, is used to disable the LMS 
algorithm 
in the adaptive filter mode. When this bit is set 
to a "''', 
the chip will continue 
to compute 
error terms 
using the last set of updated filter 
coefficients. 
In echo 
cancelling applications, 
this bit is typically 
set when 'dou- 
ble talk' is detected. 
Bit 2, de Tap Enable, is set to a "'" 
to turn on the de 
tap. The de tap looks like a tap in the data shift register 
with 
a fixed value of 7FFF (hexadecimal). 
The de tap is 
multiplied 
by its corresponding 
(last) coefficient 
during 
the FIR filtering 
phase, and is also used when updating 
the last coefficient 
in adaptive filter mode. The de tap is 
normally 
used in the adaptive filter mode to remove any 
de offset in the AID converter. 
The de tap is substituted 
for the last tap in the data shift register when it is enabled. 
The last tap data is not lost, however, and will be trans- 
ferred correctly. 


NOTE 
If the de tap option 
is desired in cascaded 
systems, bit 2 is set to a '.,.' 
only in the last 
DSP56200 in the cascade. 


Bit " 
Leakage Enable, is set to a "'" 
when the use of 
leakage is desired in the coefficient 
update calculation. 


Bit 0, Register Bank Select, selects which Register Bank 
is to be accessed by the host processor. The configuration 
register appears in both Bank 0 and Bank " allowing 
this 
bit to always 
be available 
for control 
of register 
bank 
selection. This bit is set to a "'" 
for access to Bank' 
and 
operates asynchronously 
within the Parallel Interface, al- 
lowing access to both banks during one sampling period. 


leakage 
Register (Adaptive 
FIR Filter Mode Only) 


The leakage register is used in the adaptive filter mode 


when coefficient 
update is enabled (Bit 4 of the Config- 
uration register) and when the Leakage enable bit is set 
to a '''''. 
Leakage is an 8-bit magnitude 
used to control 
coefficient 
drift in adaptive filtering. 


FIR Tap length 
Register 


This 8-bit register determines 
the number of taps used 


in the FIR filter. The register is loaded with the number 
of taps minus one. For example, 
if a 256-tap filter is de- 
sired, this register is loaded with 255. Valid values range 
from 3 to 255 in Single FIR or Single Adaptive 
FIR Filter 
modes, and from 3 to '27 in the Dual FIR mode. Writing 
to this register also resets the chip. Normally this register 
is written 
by the host upon power-up. 


RAM Address Register 


This 8-bit register specifies which 
location 
will be se- 
lected during accesses to the Coefficient 
and Data RAM. 


It allows access to taps being used within 
the filter 
and 


to any memory 
not used in the FIR filter calculation, 
and 
automatically 
postincrements 
once each sampling 
pe- 
riod. Thus, one memory 
location 
in the Coefficient 
RAM 
and one memory 
location 
in the Data RAM at the same 


address can be accessed during 
one sampling 
period. 


Note that the RAM used for auxiliary 
system storage will 
not be overwritten 
during the FIR filtering 
process. 


Coefficient 
RAM Access Register 


This 24-bit register allows the user to read or write any 


location in the Coefficient RAM. The host processor reads 
a RAM location 
by writing 
the desired address into the 
Coefficient/Data 
Address Register, waiting for two pulses 
to occur on the START pin, i.e., two sample periods, and 
then 
reading 
the value of this register. 
A write 
is per- 
formed 
by writing 
the desired value to this register. The 
actual write operation to the Coefficient 
RAM occurs dur- 


ing the following 
sampling 
period. All locations 
in the 
Coefficient 
RAM can be accessed using the RAM Address 
Register. 


Data RAM Access Register 


This '6-bit 
register allows the user to read or write any 
location 
in the Data RAM. The host processor 
reads a 


RAM location 
by writing 
the desired 
address 
into the 
Coefficient/Data 
Address Register, waiting for two pulses 
to occur on the START pin (i.e., two sample periods!. and 
then 
reading 
the value of this register. 
A write 
is per- 


formed 
by writing 
the desired value to this register. The 
actual write operation to the Data RAM occurs during the 
following 
sampling 
period. If the desired address resides 
within the FIRfilterstructure, 
the DSP56200 automatically 
performs 
a logical-to-physical 
address conversion 
and 
correctly 
accesses the desired filter tap. 


last 
Tap 1, last 
Tap 2 


The last Tap 1 Register provides the user with a copy 
of the last data sample in the data shift register. When 
in the Dual FIR Filter mode, last Tap 2 contains the last 
data sample for the second FIR filter. If the dc tap option 
is selected, these registers contain the last data sample 
instead 
of containing 
the constant 
7FFF (hexadecimal) 
used in in dc tap calculations. 
These registers 
are pro- 
vided 
only for convenience 
and are not required 
when 
cascading 
chips, 
since the last tap is also transmitted 
serially to the next chip in the cascade. These registers, 
in conjunction 
with 
the X1 and X2 input 
registers, 
are 
useful for signal power calculations. 


Output 
Data Register 


The Output Data Register bytes 3 through 0 contain the 
final FIRor adaptive FIRfilter output. In the single channel 
mode the result will be four bytes (32 bits) unless the 16- 
bit rounding 
mode 
is set. In this 
case, bytes 3 and 2 
contain 
a valid rounded 
16-bit result and bytes 1 and 0 


contain invalid data. Only 16 bits of output are available 
for each channel in Dual FIR Filter mode. Bytes 3 and 2 
contain the output for the first FIR filter and bytes 1 and 
o contain 
the output 
for the second. These outputs 
are 
rounded 
to 16 bits if rounding 
is enabled in the Config- 
uration Register. 


APPENDIX A 
DIGITAL FILTERING BASICS 


Finite Impulse Response Filters 


Finite impulse 
response 
(FIR) filtering 
is a common 
method of performing 
digital filtering. 
This filtering 
proc- 
ess can be viewed as a weighted 
moving average of past 
data values. The FIR filtering 
equation 
(A-1) describes 
how the filter's 
output 
is related to its input: 


N-1 


y(n) = L h(i) x (n-i) 
i=O 


where: 
n = the time index 
i = the filter tap index 
N = the number of taps in the FIR filter 
h(i) = the "ith" 
coefficient 
in the FIR filter 
x(n-i) = the "ith" 
most recent data sample 
Thus, the FIR filtering 
process is an accumulation 
of N 
product terms. The coefficients are usually pre-calculated 
using software design tools, and are based on the user's 
desired frequency 
response. These coefficients 
represent 
the impulse 
response of the desired filter. Equation A-1 
describes 
the discrete 
convolution 
of a digitized 
input 
waveform 
with an impulse 
response function. 
FIR filtering 
can be readily 
implemented 
in hardware 
as shown 
in Figure A-1. Each z-1 represents 
a memory 
element 
with 
a delay of one sample period. N of these 
memory elements are cascaded together to form a tapped 
shift register 
of length 
N. This shift 
register 
is used to 
store the N most current data samples, each of which is 
referred to as a "filter 
tap". The width of the shift register 
is the number of bits used to represent the data samples 
- 
16 bits in the case of the DSP56200. At the start of a 
sample 
period, 
a new data sample 
is entered 
into the 
shift register and the oldest data sample is discarded. 
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Hardware is also required to calculate and accumulate 
the product 
terms. 
This is usually 
done with 
a single 
multiplier-accumulator 
(MAC) in order to conserve hard- 
ware. The MAC multiplies 
a coefficient 
with 
its corre- 
sponding 
data sample and adds this product 
with 
the 


sum of the previous products already in the accumulator. 
Thus, 
N multiply-accumulates 
occur each time 
a new 
sample is shifted into the FIR filter. 
FIR filters 
have numerous 
advantages. One benefit of 
digital hardware is that there is no drift with temperature, 
voltage 
or age, giving digital filters a significant 
advan- 
tage over their analog counterparts. 
In addition, FIRfilters 
can be designed 
to have a linear phase characteristic, 


and are inherently 
stable since they have no poles. The 
linear phase characteristic 
is desirable 
since it ensures 
that an input data signal is always delayed by a constant 
length of time, independent 
of its frequency 
content. 


FIRfilters find uses in many areas of signal processing. 


Typical applications 
include differentiating, 
notch filter- 


ing, bandsplitting 
filters, 
matched filtering, 
filter 
banks, 


interpolation, 
and Hilbert Transforms. 


Adaptive 
Filters 


Adaptive 
filters 
are a special class of filters 
used to 
solve a unique set of signal processing problems. These 
filters 
have two inputs, x(n) and d(n),which 
are usually 
correlated 
in some manner (Figure A-2). One input, x(n). 


is passed through 
an internal time varying 
filter, which 
tries to form an estimate of the desired input, dIn). The 
parameters 
of this internal filter eventually 
converge to 
a point where the internal filter can accurately estimate 
the desired input, minimizing 
the adaptive filter's output. 


This output 
represents the difference 
or error, e(n). be- 
tween the desired signal and the estimate of the desired 
signal. There are two aspects to adaptive 
filters - 
the 
internal filter structure and the adaptation 
algorithm. 


The most common 
adaptive 
filter 
implementation 
is 
based on a FIR filter 
structure 
whose 
coefficients 
are 
adapted using the Least-Mean-Square 
(LMS) algorithm. 


First, the signal x(n) is FIR filtered using equation A-l to 
provide an estimate of the second input, dIn). The error 
in the estimate is then calculated: 


N-l 


ern) 
dIn) - L h(i) x (n-i) 
i=O 


This error term 
is then used to modify 
every FIR filter 
coefficient using the following 
equation derived from the 
LMS adaptation 
algorithm: 


where: 
h(i)new = the value of the updated "ith" 
coefficient 
to 
be used during the next sample period. 
h(i)old = the value of the "ith" 
coefficient 
during 
the 
current sample period . 


K = the gain constant 
e = the calculated error term 
x(n-i) = the "ith" 
most recent data sample 
At the beginning 
of the next sample 
period, 
two 
new 
samples, xln) and dIn), are shifted 
into the system and 
the process repeats. 
After several iterations, 
the FIR filter coefficients 
con- 
verge to values which 
consistently 
minimize 
the mean 
square error (the filter's 
output). At this point, the adap- 
tive filter is now able to estimate the d-input 
by passing 
the x-input through the FIR filtering 
hardware. It is inter- 


esting 
to note that once the filter 
has converged, 
the 
coefficients 
of the internal FIRfilter resemble the impulse 


response of a filter whose input is x(n) and output is dIn). 
Equation 
A-3 is derived 
from 
an approximation 
of an 
equation from the steepest descent algorithm, 
where the 
minimum 
error point is found by updating in the direction 
opposite the gradient.' 
, 


The unique characteristics of adaptive filters allow them 
to be used in applications 
such as echo cancellers, adap- 


tive line equalization of telephone lines, noise cancelling, 
system modeling, 
prediction, 
deconvolution, 
and adap- 


tive control. 


APPENDIX B 
ECHO CANCELLING WITH THE DSP56200 


One popular application 
of adaptive filters is in the area 
of echo cancellation. 
Consider 
the 
telephone 
system 
shown 
in Figure B-1. A four-wire 
link is used for long 
distance transmission 
and is converted 
to a local two- 


wire link through 
a hybrid transformer. 
Ideally, all of the 
transmitted 
message 
should 
pass through 
the trans- 


former 
to the two-wire 
link, but due to impedance 
mis- 


matches, some of the signal is actually reflected into the 
Rx path at the hybrid. This reflection results in an audible 
echo received by the speaker. As the distance of trans- 
mission increases, the delay of the echo also increases. 


'M. 
Bellanger, 
Digital 
Processing 
of Signals, 
John 
Wiley 
& Sons. 
New York, 
N.Y., 1984. 
'B. Widrow 
and S. D. Stearns, 
Adaptive 
Signal 
Processing, 
Prentice-Hall 
Inc., Englewood 
Cliffs, 
N.J .. 19895. 
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An adaptive filter provides an excellent solution to this 
problem. 
The 
filter 
synthesizes 
an impulse 
response 
modeling 
the hybrid 
connection 
and the transmission 
delays. 
The input 
is passed through 
the FIR structure, 
producing 
a synthetic echo which is then subtracted from 
the actual echo. As the adaptive filter converges, the error 
decreases, resulting 
in less echo returned to the speaker. 


The Motorola 
DSP56200 is well suited to solving 
the 
above problem. 
Long delays can be cancelled by a set of 


chips in cascade. The adaptation process can be inhibited 
with 
a control 
bit, eliminating 
any incorrect 
adaptation 
when both parties talk simultaneously, 
a situation 
called 
doubletalk. 
A programmable 
leakage term is included on 
the chip to prevent the coefficient drift which results from 
narrowband 
input signals such as tones. The DSP56200 
can also be used in a similar manner to provide acoustic 
echo cancellation 
for speaker phones. 
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® MOTOROLA 


Specifications 
and Applications 
Information 


CONTINUOUSLY 
VARIABLE 
SLOPE 
DEL TA MODULATOR/DEMODULATOR 


Providing 
a simplified 
approach 
to 
digital 
speech encoding/ 


decoding, the MC3517/18 
series of CVSDs is designed for military 
secure 
communication 
and 
commercial 
telephone 
applications. 


A single IC provides both encoding and decoding functions. 


• 
Encode and Decode Functions on the Same Chip with 
a Digital Input for Selection 


• 
Utilization 
of Compatible 12L - 
Linear 8ipolar Technology 


• 
CMOS Compatible Digital Output 


• 
Digital Input Threshold Selectable (VCC/2 reference 
provided on chip) 


• 
MC3417/MC3517 hasa 3·Bit Algorithm 
(General 
Communications) 


• 
MC3418/MC3518 
has a 4·Bit Algorithm 
(Commercial Telephonel 


MC3417, MC3517 
MC3418, MC3518 


CONTINUOUSLY 
VARIABLE 
SLOPE DELTA 
MODULATOR/DEMODULATOR 


LASER·TRIMMED 
INTEGRATED 
CIRCUIT 


L SUFFIX 


CERAMIC 
PACKAGE 


CASE 
620 


Analog 
(-I 
'6 
vcc 
CVSD BLOCK DIAGRAM 
Input 


Analog 
1+1 
'5 
Encode/ 


Feedback 
Decode 


E ncodel 
Syllabic 
Decode 
Clock 
Filter 
'4 
Clock 


Gain 
4 
'3 
Digital 
Data 
Control 
Input 
1-) 


Ref 
DigItal 
Input 
(+) 
'2 
Threshold 


Filter 
COincidence 
Input I-I 
6 
" 
Output 
" 
COincidence 


DigItal 
9 
Output 
Analog 
'0 
VCC/2 


Output 
Output 
Output 


Syllabic 
F dter 
VEE 
8 
9 
DIgital 
Output 


Analog 
Ref 
Filter 


Output 
Input 
Input 


(+) 
(-) 


Device 
Package 
Temperatur. 
Range 


MCJ417L 
Ceramic DIP 
oCe to +70oC 
MCJ418L 
Ceramic 
DIP 
OOC to +700C 
MCJ517L 
Ceramic 
DIP 
-55°C 
to + 125°C 
MCJ5'8L 
Ceramic 
DIP 
-55°C 
to + 125°C 


MAXIMUM 
RATINGS 


(All voltages referenced to VEE. T A = 2SoC unless otherwise noted,) 


Rating 
Symbol 
Value 
Unit 


Power Supply Voltage 
VCC 
-0.4 
to +18 
Vdc 


Differential Analog Input Voltage 
VID 
±5.0 
Vdc 


Digital Threshold Voltage 
VTH 
-0.4 
to VCC 
Vdc 


Logic Input Voltage 
VLogic 
-0.4 
to + 18 
Vdc 
(Clock, Digital Data, Encode/Decode) 


Coincidence Output 
Voltage 
VnlCon 
-0.4 
to +18 
Vdc 


Syllabic Filter Input Voltage 
VllSyl1 
-0.4 
to VCC 
Vdc 


Gain Control Input Voltage 
VIIGCI 
-0.4 
to VCC 
Vdc 


Reference Input Voltage 
VIIAef) 
VCC/2 - 1.0 to VCC 
Vdc 


VCC12 Output 
Current 
IAef 
-25 
mA 


ELECTRICAL 
CHARACTERISTICS 
IVCC • 12 V. VEE • Gnd. TA • OoC to +700C for MC3417/18. 
TA • -55°C 
to +1250C for MC3517/18 
unless otherwise noted.) 


MC3417/MC3517 
MC3418/MC3518 


Characteristic 
Symbol 
Min 
Typ 
Max 
Min 
Typ 
MIX 
Unit 


Power Supply Voltage 
Range (Figure 1) 
VCCA 
4.75 
12 
16.5 
4.75 
12 
16.5 
Vdc 


Power Supply Current 
(Figure 1) 
ICC 
mA 


Iidle Channel) 


IVCC· 
5.0 VI 
- 
3.7 
5.0 
- 
3.7 
5.0 


IVCC'15V) 
- 
6.0 
10 
- 
6.0 
10 


Clock Rate 
SA 
- 
16 k 
- 
- 
32 k 
Samples/s 


Gain Control 
Current 
Range (Figure 2) 
IGCA 
0.001 
- 
3.0 
0.001 
- 
3.0 
mA 


Analog Comparator 
Input Range 
VI 
1.3 
- 
VCC-1.3 
1.3 
- 
VCC - 1.3 
Vdc 


IPins 1 and 2) 
14.75 V •• VCC" 
16.5 VI 


Analog Output 
Range (Pin 7) 
Vo 
1.3 
- 
VCC -1.3 
1.3 
- 
VCC -1.3 
Vdc 


14.75 V •• VCC" 
16.5 V. 10' 
± 5.0 mAl 


Input Bias Currents (Figure 3) 
liB 
~A 
(Comparator 
in Active Region) 
Analog Input Ill) 
- 
0.5 
1.5 
- 
0.25 
1.0 
Analog Feedback (12) 
- 
0.5 
1.5 
- 
0.25 
1.0 
Syllabic Filter Input (3) 
- 
0.06 
0.5 
- 
0.06 
0.3 
Reference Input (IS) 
- 
-0.06 
-0.5 
- 
-0.06 
-0.3 


Input 
Offset Current 
110 
~A 


(Comparator 
in Active Region) 
Analog Input/Analog 
Feedback 
- 
0.15 
0.6 
- 
0.05 
0.4 
111-121- 
Figure 3 
Integrator Amplifier 
- 
0.02 
0.2 
- 
0.01 
0.1 


115-161- 
Figure 4 


Input Offset Voltage 
VIO 
- 
2.0 
6.0 
- 
2.0 
6.0 
mV 
VII 
Converter (Pins 3 and 4) - 
Figure 5 


Transconductance 
gm 
mA/mV 


VII Converter, 0 to 3.0 mA 
0.1 
0.3 
- 
0.1 
0.3 
- 
Integrator Amplifier, a to ± 5.0 mA Load 
1.0 
10 
- 
1.0 
10 
- 
Propagation Delay Times (Note 1) 
~s 


Clock Trigger to Digital Output 
tPLH 
- 
1.0 
2.5 
- 
1.0 
2.5 
ICL • 25 pF to Gnd) 
tPHL 
- 
0.8 
2.5 
- 
0.8 
2.5 


Clock Trigger to Coincidence Output 
tPLH 
- 
1.0 
3.0 
- 
1.0 
3.0 
ICL • 25 pF to Gnd) 
tPHL 
- 
0.8 
2.0 
- 
0.8 
2.0 
IAL' 
4 kn to VCCI 


Coincidence Output Voltage 
VOL(eon) 
0.12 
0.25 
- 
0.12 
0.25 
Vdc 
Low Logic State 
1I0L(Con) 
• 3.0 mAl 


Coincidence Output 
Leakage Current 
lOHICon) 
0.01 
0.5 
- 
0.01 
0.5 
~A 
High Logic State 
(VOH '150 
V.OoC •• TA" 
70°C) 


II 


•• 


MC3417/MC3517 
MC3418/MC3518 


Characteristic 
SYmbol 
Min 
Typ 
Max 
Min 
Typ 
Max 
Unit 


Applied 
Digital Threshold 
Voltage 
Range 
VTH 
+1.2 
- 
VCC - 2.0 
+1.2 
- 
VCC - 2.0 
Vdc 


(Pin 121 


Digital Threshold 
Input Current 
Ilithl 
"A 
(1.2 V •• Vth" 
VCC -2.0 
VI 


(VIL applied to Pins 13, 14 and 15) 
- 
- 
5.0 
- 
- 
5.0 
(VIH 
applied to Pins 13, 14 and 15) 
- 
-10 
-50 
- 
-10 
-50 


Maximum 
Integrator Amplifier 
Output 
Current 
10 
'5.0 
- 
- 
15.0 
- 
- 
mA 


VCC/2 
Generator Maximum 
Output Current 
IAe! 
+10 
- 
- 
+10 
- 
- 
mA 
(Source only) 


VCC/2 
Generator 
Output 
Impedance 
zRef 
- 
3.0 
6.0 
- 
3.0 
6.0 
n 


(0 to +10 mAl 


VCC/2 
Generator 
Tolerance 
H 
- 
- 
±3.5 
- 
- 
'3.5 
% 


(4.75 V •• VCC" 
16.5 VI 


Logic Input Voltage 
(Pins 13, 14 and 151 
Vdc 
Low L09K: State 
VIL 
Gnd 
- 
Vth - 0.4 
Gnd 
- 
Vth - 0.4 
High Logic State 
VIH 
Vth + 0.4 
- 
18.0 
Vth + 0.4 
- 
18.0 


Dynamtc Total 
Loop Offset Voltage 
1:Voffset 
mV 
(Note 2) - 
Figures 3, 4 and 5 


IGC: 
12.0 "A, VCC: 
12 V 
TA = 25°C 
- 
- 
- 
- 
10.5 
± 1.5 


OoC •• TA" 
+ 70°C 
MC3411/18 
- 
- 
- 
- 
10.75 
± 2.3 
-55°C 
•• TA" 
+1250C 
MC3511/18 
- 
- 
- 
- 
± 1.5 
14.0 


IGC - 33.0 "A, VCC = 12 V 
TA -25°C 
- 
, 2.5 
, 5.0 
- 
- 
- 


OoC" 
TA" 
+700C 
MC3411/18 
- 
13.0 
17.5 
- 
- 
- 
-SSoC 
•• TA" 
+1250C 
MC3517/18 
- 
'4.5 
± 10 
- 
- 
- 


IGC = 12.0 "A, VCC: 
5.0 V 
TA - 25°C 
- 
- 
- 
- 
± 1.0 
12.0 
OoC •• TA" 
+700C 
MC3417/18 
- 
- 
- 
- 
, 1.3 
12.8 
-55°C 
•• TA" 
+1250C 
MC3517/18 
- 
- 
- 
- 
± 2.5 
± 5.0 . 


IGC = 33.0 "A, VCC = 5.0 V 
TA = 25°C 
- 
± 4.0 
, 6.0 
- 
- 
- 
OoC •• TA" 
+700C 
MC3411/18 
- 
14.5 
,8.0 
- 
- 
- 
-55°C 
•• TA" 
+1250C 
MC3511/18 
- 
, 5.5 
110 
- 
- 
- 


Digital Output 
Voltage 
Vdc 
lIOL· 
3.6 mAl 
VOL 
- 
0.1 
0.4 
- 
0.1 
0.4 


lIOH - -0.35 
mAl 
VOH 
VCC-l.0 
VCC - 0.2 
- 
VCC-l.0 
VCC - 0.2 
- 


Syllabic 
Filter 
Applied 
Voltage 
(Pin 3) 
VIISy'l 
+3.2 
- 
VCC 
+3.2 
- 
VCC 
Vdc 
(Figure 
2) 


Integrating Current 
(Figure 21 
l'lntl 


lIGC - 12.0 "AI 
8.0 
10 
12 
8.0 
10 
12 
"A 
lIGc·l.5mA) 
1.45 
1.50 
1.55 
1.45 
1.50 
1.55 
mA 
lIGC - 3.0 mAl 
2.75 
3.0 
3.25 
2.75 
3.0 
3.25 
mA 


Dynamic 
Integrating Current 
Match 
VO(Avel 
- 
, 100 
1250 
- 
,100 
, 250 
mV 
lIGC = 1.5 mAl 
Figure 6 


Input Current 
- 
High Logic State 
IIH 
"A 
(VIH -18 
V) 
Digital Data Input 
- 
- 
+5.0 
- 
- 
+5.0 
Clock Input 
- 
- 
+5.0 
- 
- 
+5.0 
Encode/Decode 
Input 
- 
- 
+5.0 
- 
- 
+5.0 


Input Current 
- 
Low Logic State 
IlL 
~A 
(VIL: 
0 VI 
Digital Data Input 
- 
- 
-10 
- 
- 
-10 


Clock Input 
- 
- 
-360 
- 
- 
-360 
Encode/Decode 
Input 
- 
- 
-36 
- 
- 
-36 
Clock 
Input, 
VIL = 0.4 V 
- 
- 
-72 
- 
- 
-72 


NOTE 
2. 
Dynamic 
total 
loop offset 
(I:Voffset) 
equals VIO 
(comparator) 
(Figure 3) minus VIOX 
(Figure 51. The input offset voltages of the 


analog comparator 
and of the integrator 
amplifier 
include the effects of input offset current 
through 
the input resistors. The slope 


polarity 
switch current 
mismatch 
appears as an average voltage across the 10 k integrator 
resistor. For the MC3417/MC3517, 
the 


clock frequency 
is 16.0 kHz. 
For the MC3418/MC3518, 
the clock frequency 
is 32.0 kHz. Idle channel performance 
is guaranteed if 
this dynamic 
total 
loop offset is lessthan one·half of the change in integrator output 
voltage during one clock cycle (ramp step sizel. 


Laser trimming 
is used to insure good idle channel performance. 


Pin 1 - Analog 
Input 


This 
is the 
analog 
comparator 
inverting 
input 
where 
the 
voice 
signal 
is applied. 
It may 
be ac or dc coupled 


depending 
on 
the 
application. 
If the 
voice 
signal 
is to be 
level shifted 
to the 
internal 
reference 
voltage, 
then 
a bias 
resistor 
between 
pins 
1 and 
10 
is used. 
The 
resistor 
is used to establish 
the 
reference 
as the new dc average 
of 
the ac coupled 
signal. The analog 
comparator 
was designed 
for 
low hysteresis 
(typically 
less than 
0.1 
mV) 
and high 
gain (typically 
70 dB). 


Pin 2 - Analog 
Feedback 
This 
is the 
non·inverting 
input 
to 
the 
analog 
signal 
comparator 
within 
the 
IC. In an encoder 
application 
it 


should 
be connected 
to the 
analog 
output 
of the encoder 
circuit. 
This 
may 
be 
pin 
7 or 
a low 
pass filter 
output 


connected 
to pin 7. In a decode 
circuit 
pin 2 is not 
used 
and may 
be tied to VCC/2 on pin 10, ground 
or left open. 
The 
analog 
input 
comparator 
has 
bias 
currents 
of 
1.5 /lA max, 
thus 
the 
driving 
impedances 
of pins 
1 and 2 
should 
be 
equal 
to 
avoid 
disturbing 
the 
idle 
channel 
characteristics 
of the encoder. 


Pin 3 - Syllabic 
Filter 
This 
is the 
point 
at which 
the syllabic 
filter 
voltage 
is 
returned 
to the 
IC in order 
to control 
the 
integrator 
step 
size. 
It is an NPN 
input 
to an op amp. 
The 
syllabic 
filter 
consists 
of an AC network 
between 
pins 11 and 3. Typical 
time 
constant 
values 
of 6 ms to 50 ms are used 
in voice 
codecs. 


Pin 4 - 
Gain Control 
Input 


The 
syllabic 
filter 
voltage 
appears 
across 
Cs 
of 
the 
syllabic 
filter 
and 
is the 
voltage 
between 
VCC and pin 3. 


The 
active 
voltage 
to 
current 
(V -I) 
converter 
drives 
pin 
4 
to 
the 
same 
voltage 
at 
a slew 
rate 
of 
typically 
0.5 
VI/ls. 
Thus 
the 
current 
injected 
into 
pin 
4 
(IGC) 
is the 
syilabic 
filter 
voltage 
divided 
by the 
Ax resistance. 


Figure 
6 shows 
the 
relationship 
between 
IGC (x-axis) 
and 
th-e 
integrating 
current, 
lint 
(y-axis). 
The 
discrepancy, 
which 
is most 
significant 
at very 
low currents, 
is due to 
circuitry 
within 
the 
slope 
polarity 
switch 
which 
enables 
trimming 
to 
a low 
total 
loop 
offset. 
The 
Ax resistor 
is 
then 
varied 
to 
adjust 
the 
loop 
gain 
of 
the 
codec, 
but 
should 
be no larger than 
5.0 kn 
to maintain 
stability. 


Pin 5 - 
Reference 
Input 


This 
pin 
is the 
non-inverting 
input 
of the 
integrator 
amplifier. 
It is used to reference 
the dc level of the output 


signal. 
In 
an 
encoder 
circuit 
it 
must 
reference 
the 
same 
voltage 
as pin 1 and is tied to pin 10. 


Pin 6 - 
Filter 
Input 


This 
inverting 
op 
amp 
input 
is used 
to connect 
the 
integrator 
external 
components. The integrating current 


(lint) 
flows 
into 
pin 
6 when 
the 
analog 
input 
(pin 
1) is 
high 
with 
respect 
to 
the 
analog 
feedback 
(pin 
2) in the 


encode 
mode 
or when 
the 
digital 
data 
input 
(pin 
13) is 


high 
in the 
decode 
mode. 
For 
the 
opposite 
states, 
'int 
flows 
out 
of Pin 6. Single 
integration 
systems 
require 
a 
capacitor 
and 
resistor 
between 
pins 
6 and 
7. 
Multipole 
configurations 
will have different 
circuitry. 
The resistance 


between 
pins 6 and 7 should 
always 
be between 
B kn 
and 
13 kn 
to maintain 
good idle channel 
characteristics. 


Pin 7 - Analog 
Output 


This 
is the 
integrator 
op amp 
output. 
It is capable 
of 


driving 
a 600-ohm 
load 
referenced 
to VCC/2 
to +6 dBm 
and can otherwise 
be treated 
as an op amp output. 
Pins 5, 


6, 
and 
7 provide 
full 
access 
to 
the 
integrator 
op amp 
for 
designing 
integration 
filter 
networks. 
The 
slew 
rate 
of 
the 
internally 
compensated 
integrator 
op 
amp 
is 


typically 
0.5 
VI/ls. 
Pin 
7 output 
is current 
limited 
for 
both 
polarities 
of current 
flow at typically 
30 mA. 


Pin 8 - VEE 
The 
circuit 
is designed 
to work 
in either 
single or dual 
power 
supply 
applications. 
Pin B is always 
connected 
to 
the most 
negative 
supply. 


Pin 9 - 
Digital Output 
The 
digital 
output 
provides 
the 
results 
of 
the 
delta 
modulator's 
conversion. 
It 
swings 
between 
VCC 
and 
VEE and is CMOS 
or TTL 
compatible. 
Pin 9 is inverting 
with 
respect 
to 
pin 
1 
and 
non· inverting 
with 
respect 
to 
pin 
2. 
It 
is clocked 
on 
the 
falling 
edge 
of 
pin 
14. 


The 
typical 
10% to 90% rise and fall times 
are 250 ns and 


50 
ns 
respectively 
for 
VCC 
= 12 
V 
and 
CL 
= 25 
pF 
to ground. 


Pin 10 - VCC/2 
Output 
An 
internal 
low 
impedance 
mid·supply 
reference 
is 
provided 
for 
use 
of 
the 
MC3417 /1 B 
in 
single 
supply 
applications. 
The 
internal 
regulator 
is a current 
source 


and 
must 
be loaded 
with 
a resistor 
to 
insure 
its sinking 
capability. 
If 
a 
+6 
dBmo 
signal 
is expected 
across 
a 


600 
ohm 
input 
bias 
resistor, 
then 
pin 
10 
must 
sink 
2.2 VI600 
n 
= 3.66 
mA. This 
is only 
possible 
if pin 
10 
sources 
3.66 
mA into 
a resistor 
normally 
and will source 
only 
the 
difference 
under 
peak 
load. 
The 
reference 
load 
resistor 
is chosen 
accordingly. 
A 0.1 /IF 
bypass 
capacitor 
from 
pin 
10 to 
VEE 
is also 
recommended. 
The 
VCC/2 
reference 
is capable 
of sourcing 
lamA 
and can 
be used 


as a reference 
elsewhere 
in the 
system 
circuitry. 


Pin 11 - 
Coincidence 
Output 
The 
duty 
cycle 
of 
this 
pin 
is proportional 
to 
the 
voltage 
across 
CS. 
The 
coincidence 
output 
will 
be low 
whenever 
the 
content 
of the 
internal 
shift 
register 
is all 
ls 
or 
all as. 
In the 
MC3417 
the 
register 
is 3 bits 
long 


II 


II 


VB 
IGC· 
- 
VCC 
Rx 
VCC 
Ax" 
5 k 


... 


1 k 
eJr'I'F 
'6 
1 k 
'5 


'4 
·Clock 


4 
CVSD 
CVSD 
'3 
Digital 


MC3517 
MC3517 
Data Input 


MC3518 
12 
MC3S1S 
'2 


6 
11 
11 


'0 
10 
JO" I'F 


0.1 
p.F 


8 
9 
* 
Digital 
Output 


while 
the 
MC3418 
contains 
a 4 bit register. 
Pin 11 is an 
open 
collector 
of an 
NPN 
device 
and 
requires 
a pull·up 
resistor. 
If the 
syllabic 
filter 
is to have equal 
charge 
and 


discharge 
time 
constants, 
the 
value 
of 
Rp 
should 
be 
much 
less than 
RS. 
In systems 
requiring 
different 
charge 


and 
discharge 
constants, 
the 
charging 
constant 
is RSCS 
while 
the 
decaying 
constant 
is (RS + RpICS. 
Thus longer 
decays 
are 
easily 
achievable. 
The 
NPN device 
should 
not 
be required 
to sink 
more than 
3 mA in any configuration. 


The typical 
10% to 90% ,rise and fall times 
are 200 ns and 


100 
ns respectively 
for 
RL 
= 4 kn 
to +12 
V and CL = 


25 pF to ground. 


Pin 12 - 
Digital 
Threshold 


. This 
input 
sets the 
switching 
threshold 
for pins 13, 14, 
and 
15. It is intended 
to aid in interfacing 
different 
logic 


families 
without 
external 
parts. 
Often 
it is connected 
to 
the 
VCC/2 
reference 
for CMOS 
interface 
or can be biased 
two diode 
drops 
above 
VEE for TTL interface. 


Pin 13 - 
Digital 
Data 
Input 
In 
a decode 
application, 
the 
digital 
data 
stream 
is 
applied 
to pin 
13. In an encoder 
it may be unused 
or may 
be 
used 
to 
transmit 
signaling 
message 
under 
the 
can· 


trol 
of 
pin 
15. 
It 
is an 
inverting 
input 
with 
respect 
to 
pin 
9. 
When 
pins 
9 
and 
13 
are 
connected, 
a 
toggle 
flip·flop 
is 
formed 
and 
a 
forced 
idle 
channel 
pattern 


can be transmitted. 
The 
digital 
data 
input 
level should 
be 


maintained 
for 
0.5 
Jl.S before 
and 
after 
the clock 
trigger 


for proper 
clocking. 


Pin 14 - 
Clock 
Input 


The 
clock 
input 
determines 
the 
data 
rate 
of the codec 
circuit. 
A 
32K 
bit 
rate 
requires 
a 32 
kHz 
clock. 
The 
switching 
threshold 
of the 
clock 
input 
is set 
by pin 
12. 


The 
shift 
register 
circuit 
toggles 
on the falling edge of the 
clock 
input. 
The 
minimum 
width 
for 
a positive-going 


pulse 
on the clock 
input 
is 300 ns, whereas 
for a negative· 


going pulse, 
it is 900 ns. 


Pin 15 - 
Encode/Decode 


This 
pin 
controls 
the 
connection 
of the 
analog 
input 


comparator 
and 
the 
digital 
input 
comparator 
to 
the 


internal 
shift 
register. 
If high, 
the 
result 
of 
the 
analog 


comparison 
will 
be 
clocked 
into 
the 
register 
on 
the 


falling 
edge at pin 14. If low, the digital 
input 
state 
will be 


entered. 
This allows 
use of the 
IC as an encoder/decoder 


or simplex 
codec 
without 
external 
parts. 
Furthermore, 
it 


allows 
non·voice 
patterns 
to 
be 
forced 
onto 
the 
trans· 


mission 
line through 
pin 13 in an encoder. 


Pin 16 - 
VCC 
The 
power 
supply 
range 
is from 
4.75 
to 
16.5 
volts 


between 
pin VCC and VEE. 


16 


15 


14 
Clock 


CVSD 
13 
MC3517 


MC3S1S 
12 


11 


10 
10.1 JJ.F 


Note: The analog comparator offset .••• 
olt.g. 
II tested 
under 
dynamic 
conditions 
and therefor. 
must 
be me.sured 
with 
appropriate 
filtering. 


VIOX 
( Integrator 
Amplifier 
Offset 
Voltage 
plus Slope 
Polarity 
Switch 
Mismatch) 
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16 


15 


3 
14 
Clock •• 


CVSO 
13 
MC3517 


MC3518 
12 


16 


15 


14 


CV$D 
4 
MC3517 
13 


MC3518 
12 


+ 
(Integrator 
Amplifier 
Offset 
Voltage) 
10.' "F 


"32 
kHz MC3418/MC3518 


16 kHz 
MC3417/MC3517 


Notes: 1. Vo(AV). 
Dynamic 
IntegratingCurr.nt 
Match, 


is the average voltage 
of 
the triangular 
Wave- 


form 
observed 
at 
the 
me.surement 
points, 


across 
10 kn 
resistor 
with 
IGC z 1.5 mA. 


2. 
See 
Note 
2 of 
the 
Electrical 
Characteristics 
page 3. 
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The 
continuously 
variable 
slope delta 
modulator 
(CVSD) is a simple alternative to more complex conven- 
tional conversion techniques in systems requiring digital 
communication 
of 
analog signals. The human voice is 
analog, but digital transmission of any signal over great 
distance is attractive. Signal/noise ratios do not vary with 
distance 
in 
digital 
transmission 
and 
multiplexing, 


switching and repeating hardware is more economical and 
easier to design. However, 
instrumentation 
A to D con- 


verters do not meet the communications 
requirE:!ments. 


The CVSD A to D is well suited to the requirements of 
digital communications and is an economically efficient 
meansof digitizing analog inputs for transmission. 


The Delta Modulator 
The innermost control 
loop of a CVSD converter is 


a simple delta modulator. A block diagram CVSD Encoder 
is shown in Figure 11. A delta modulator consists of a 
comparator 
in the forward 
path and an integrator in 
the feedback path of a simple control loop. The inputs 
to the comparator are the input analog signal and the 
integrator 
output. 
The comparator output 
reflects the 


sign of 
the difference between the input voltage and 
the integrator output. That sign bit is the digital output 
and also controls the direction of ramp in the integrator. 
The comparator is normally clocked so as to produce 
a synchronous and band limited digital bit stream. 
If 
the 
clocked 
serial 
bit 
stream is 
transmitted, 


received, and delivered to a similar integrator at a remote 
point, 
the remote integrator output 
is a copy of the 


transmitting 
control 
loop 
integrator 
output. 
To 
the 
extent 
that 
the 
integrator at the transmitting 
locations 


tracks the input 
signal, the remote receiver reproduces 


the input signal. Low passfiltering at the receiveroutput 
will eliminate most of the quantizing noise, if the clock 
rate of the bit stream is an octave or more above the 
bandwidth of the input signal. Voice bandwidth is 4 kHz 
and clock rates from 8 k and up are possible. Thus the 
delta modulator digitizes and transmits the analog input 
to a remote receiver. The serial, unframed nature of the 
data 
is 
ideal 
for 
communications 
networks. 
With 
no 


input at the transmitter, a continuous one zero alternation 
is transmitted. If the two integrators are made leaky, then 
during any loss of contact the receiver output decays to 


zero and receive restart begins without 
framing when the 
receiver reacquires. Similarly 
a delta modulator is tolerant 
of sporadic bit errors. Figure 12 shows the delta modu· 
lator waveforms while Figure 13 shows the corresponding 
CVSD decoder block diagram. 


The Companding Algorithm 
The fundamental 
advantages of the delta modulator 
are its simplicity 
and the serial format 
of 
its output. 
Its limitations 
are its ability 
to 
accurately 
convert 
the 
input within 
a limited 
digital 
bit rate. The analog input 
must 
be band limited 
and amplitude 
limited. 
The fre· 


quency limitations 
are governed by the nyquist rate while 
the 
amplitude 
capabilities 
are set by 
the 
gain of the 
integrator. 
The frequency limits 
are bounded on the upper end; 


that 
is, for 
any 
input 
bandwidth 
there exists a clock 
frequency 
larger than 
that 
bandwidth 
which will 
trans' 
mit 
the signal with 
a specific noise level. However, the 


amplitude 
limits 
are bounded on both upper and lower 


ends. For a signal level, one specific gain will achieve an 
optimum 
noise 
level. 
Unfortunately, 
the 
basic delta 


modulator 
has a small dynamic 
range over which 
the 


noise 
level 
is constant. 
The 
continuously 
variable 
slope 
circuitry 
provides 
increased dynamic 
range by 
adjusting 
the gain of 
the 
integrator. 
For 
a 
given 
clock 
frequency 
and 
input 
bandwidth 
the 
additional 
circuitry 
increases the 
delta 
modulator's 
dynamic 
range. 
External 
to 
the 
basic 
delta 
modulator 
is an 
algorithm 
which 
monitors 
the 
past few 
outputs 
of 
the 
delta 
modulator 
in a simple 
shift register. The register is 3 or 4 bits long depending on 
the 
appl ication. 
The accepted CVSD algorithm 
simply 
monitors 
the contents of the shift register and indicates 


if it contains all 15 or Os. This condition 
is called coinci· 


dence. When it occurs, it indicates that the gain of the 
integrator 
is too 
small. The coincidence output 
charges 


a single pole low pass filter. 
The voltage output 
of this 


syllabic filter controls the integrator gain through a pulse 
amplitude 
modulator 
whose other 
input 
is the sign bit 


or up/down control. 


The 
simplicity 
of 
the 
all ones, all 
zeros algorithm 
should 
not 
be taken 
lightly. 
Many other 
control 
alga· 


rithms using the shift register have been tried. The key to 
the accepted algorithm 
is that 
it provides a measure of 


the 
average power 
or 
level of 
the input 
signal. Other 


techniques 
provide 
more 
instantaneous 
information 


about 
the 
shape of 
the 
input 
curve. 
The 
purpose of 


the 
algorithm 
is to 
control 
the gain of the 
integrator 


and to 
increase the dynamic 
range. Thus a measure of 


the averageinput level is what is needed. 
The 
algorithm 
is repeated in the 
receiver and thus 


the level data is recovered in the receiver. Because the 
algorithm only operates on the past serial data, it changes 
the nature of the bit stream without 
changing the channel 
bit rate. 


The effect of the algorithm 
is to compand the input 


signal. If a CVSD encoder is played into a basic delta 
modulator, 
the output of the delta modulator will reflect 


the shape of the input signal but all of the output 
will 
be at an equal level. Thus the algorithm 
at the output 
is 


needed to 
restore the 
level variations. 
The bit 
stream 


in the channel is as if it were from a standard delta modu· 
lator with a constant level input. 
The delta modulator encoder with the CVSD algorithm 


provides an efficient 
method 
for digitizing 
a voice input 


in a manner which 
is especially convenient 
for 
digital 
communciations requirements. 


APPLICATIONS 
INFORMATION 


CVSD DESIGN 
CONSIDERATIONS 


A simple CVSD encoder using the MC3417 or MC3418 
is shown 
in Figure 
14. These ICs are general purpose 
CVSD building 
blocks which allow the system designer 


to tailor 
the encoder's transmission characteristics to the 
application. 
Thus, the achievable transmission capabilities 
are constreined 
by the fundamental 
limitations 
of delta 
modulation 
and the design of encoder parameters. The 
performance is not dictated by the internal configuration 
of 
the 
MC3417 
and MC3418. 
There are seven design 
considerations 
involved 
in designing these basic CVSD 
building blocks into a specific codec application. 


These are listed below: 
1. Selection of clock rate 


2. Required number of shift register bits 
3. Selection of loop gain 
4. Selection of minimum step size 
5. Design of integration filter transfer function 
6. Design of syllabic filter transfer function 
7. Design of low passfilter at the receiver 


The circuit 
in Figure 14 is the most basic CVSD circuit 


possible. For many applications 
in secure radio or other 


intelligible 
voice 
channel 
requirements, 
it 
is entirely 


sufficient. 
In this circuit, 
items 5 and 6 are reduced to 


their 
simplest form. 
The syllabic and integration 
filters 


are both 
single pole networks. 
The selection of 
items 


1 through 4 govern the codec performance. 


II 


Analog 
1 
Input 


Analog 


Feedback 


Digital 
13 


Data Input 


I 


9 Digital 


Output 


Layout Considerations 


Care should be exercised to 
isolate all digital signal 
paths (pins 9, 11, 13, and 14) from analog signal paths 
(pins 1-7 and 10) in order to achieveproper idle channel 


performance. 


Clock Rate 
With 
minor 
modifications 
the circuit 
in Figure 
14 
may be operated anywhere from 9.6 kHz to 64 kHz 
clock rates. Obviously the higher the clock rate the higher 
the S/N performance. The circuit 
in Figure 14 typically 


produces the S/N 
performance 
shown 
in 
Figure 15. 


The selection of clock rate is usually dictated by the 
bandwidth 
of 
the 
transmission medium. Voice 
band- 
width 
systems will 
require no higher than 9600 
Hz. 
Some radio systems will 
allow 12 kHz. Private 4·wire 


telephone systems are often 
operated at 
16 kHz and 
commercial 
telephone 
performance 
can 
be 
achieved 
at 32K bits and above. Other codecs may use bit rates 
up to 200K bits/sec. 


FIGURE 
15 - SIGNAL·TO·NOISE 
PERFORMANCE 
OF MC3417 WITH SINGLE 
INTEGRATION, 
SINGLE·POLE 
AND COMPANDING 
AT 16K BITS - 
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Shift Register Length (Algorithm) 
The MC3417 hasa three·bit algorithm and the MC3418 
has a four·bit 
algorithm. For clock rates of 16 kHz and 
below, the 3·bit algorithm 
is well suited. For 32 kHz 
and higher clock 
rates, the 4-bit 
system is preferred. 
Since the algorithm 
records a fixed past history of the 
input signal, a longer shift register is required to obtain 
the same internal 
hsitory. 
At 
16 bits and below, the 
4·bit 
algorithm 
will 
produce a slightly wider dynamic 
range at the expense of level change response. Basically 
the MC3417 is designed for low bit rate systems and the 
MC3418 is intended for high performance, high bit rate 
system. At 
bit 
rates above 64K 
bits either 
part will 
work well. 


Selection of Loop Gain 
The gain of the circuit 
in Figure 14 is set by resistor 


Rx. Rx must be sel.ectedto provide the proper integrator 
step size for high level signalssuch that the companding 
ratio does not exceed about 25%. The companding ratio 
is'the active low duty cycle of the coincidence output on 
pin 
11 of 
the codec circuit. 
Thus the system gain is 


dependent on: 


1. The maximum 
level and frequency of the input 
signal. 


2. The transfer function of the integration filter. 


For voice codecs the typical 
input signal is taken to be 
a sine wave at 1 kHz of 0 dBmo level. In practice, the 
useful dynamic rangeextends about 6 d8 above the design 
level. In any system the companding ratio should not 
exceed30%. 
To calculate the required step size current, we must 
describe the transfer characteristics of 
the 
integration 
filter. 
In the basic circuit of Figure 14, a single pole of 


160 Hz is used. 


R = 10 Hl, C = O.ljJ.F 


Vo= 
1 
=_K_ 
Ii 
CIS + l/RC) 
S + Wo 


Wo = 27ff 


103 = Wo = 27ff 


f = 159.2 Hz 


Note that the integration filter produces a single·pole 
response from 300 to 3 kHz. The current 
required to 
move the integrator output a specific voltage from zero 
is simply: 


Va 
CdVo 
Ii = "R+"'dt 


Now a 0 dBmo sine wave has a peak value of 1.0954 
volts. In 1/8 of a cycle of a sine wave centered around 
the zero crossing,the sine wave changesby approximately 
its peak value. The CVSD step should trace that change. 
The required current for a 0 dBm 1 kHz sine wave is: 


1'= 
1.1V 
+0.1jJ.F(1.1)=0.935mA 
I 
'2(10 
kfl) 
0.125 ms 


*The 
maximum 
voltage 
across 
R I 
when 
maximum 


slew 
is required 
is: 


1.1 V 
2 


Now the voltage range of 
the syllabic filter 
is the 
power supply voltage, thus: 


1 
Rx = 0.25(Vccl 
0.935 mA 


A similar procedure can be followed to establish the 


proper gain for any input level and integration filter type. 


II 


II 


Minimum 
Step Size 


The 
finel 
paremeter 
to be selectad 
for tha simple 
codec 
in Figura 
14 is idle channel 
step size. With no input 
signal, 


tha digital 
output 
bacomas 
a one-zero 
alternating 
pattern 
and 
the 
analog 
output 
bacomes 
a small 
triangle 
wave. 


Mismatches 
of 
internal 
currents 
and 
offsets 
limit 
the 
minimum 
step 
size 
which 
will 
produce 
a perfect 
idle 
channel 
pattern. 
The 
MC3417 
is tasted 
to 
ensure 
that 
a 20 
mVp·p 
minimum 
step 
size at 
16 kHz 
will 
attain 
a 
proper 
idle channel. 
The 
i,dle channel 
step 
siza 
must 
be 
twice 
tha 
specified 
total 
loop 
offset 
if a one-zero 
idle 


pattern 
is desired. 
In soma 
applications 
a much 
smaller 
minimum 
step 
siza 
(e.g., 
0.1 
mY) 
can 
produce 
quiet 
performance 
without 
providing 
a 1 -0 pattern. 


To 
set tha 
idle channel 
step 
size, 
the 
value 
of 
Rmin 
must 
be selectad. 
With 
no input 
signal, 
the 
slope 
control 
algorithm 
is inactive. 
A long series of ones 
or zeros never 
occurs. 
Thus, 
the 
voltege 
across 
the 
syllabic 
filter 
capaci· 
tor 
(CS) 
would 
decay 
to 
zero. 
However, 
the 
voltage 
divider 
of RS and Rmin 
(see Figure 
14) sets the minimum 
allowed 
voltage 
across 
the 
syllabic 
filter 
capacitor. 
That 
voltage 
must 
produce 
the 
desired 
ramps 
at 
the 
analog 
output. 
Again 
we write 
the 
filter 
input 
current 
equation: 


Vo 
dVo 
li=ff+C(jt 


For 
values 
of Vo near VCC/2 
the 
VoiR 
term 
is negli· 
gible; thus 


where 
toT 
is the 
clock 
period 
and 
tovo 
is the 
desired 


peak·to·peak 
value 
of 
the 
idle 
output. 
For 
a 
16K·bit 
system 
using the circuit 
in Figure 
14 


I' _ O.lIJ:F 
20 mV • 331lA 
I 
62.51ls 


The 
voltage 
on 
Cs 
which 
produces 
a 33 IlA current 
is 
determined 
by the value of Rx. 


liRx 
= Vsmin;for33llA, 
Vsmin 
-41.6 
mV 


In 
Figure 
14 
RS 
is 18 
kn. 
That 
selection 
is discussed. 
with 
the 
syllabic 
filter 
considerations. 
The voltage 
divider 


of RS and Rmin must 
produce 
an output 
of 41.6 
mY. 


RS 
VCC---- 
= VSmin 
RS + Rmin 


Having established 
these 
four 
parameters 
- 
clock 
rate, 
number 
of 
shift 
register 
bits, 
loop 
gain 
and 
minimum 


step size - 
the 
encoder 
circuit 
in Figure 
14 will function 
at 
near 
optimum 
performance 
for 
input 
levels 
around 


Od8m. 


Integration 
Filter 
Design 


The 
circuit 
in Figure 
14 uses a single·pole 
integration 
network 
formed 
with 
a 0.1 
IlF 
capacitor 
and 
a 10 kn 
resistor. 
It is possible 
to 
improve 
the 
performance 
of the 
circuit 
in 
Figure 
14 by 
1 or 
2 dB by 
using 
a two·pole 
integration 
network. 
The improved 
circuit 
is shown. 
The 
first 
pole 
is still placed 
below 
300 
Hz to provide 
the 
liS 
voice 
content 
curve 
and 
a second 
pole 
is placed 
somewhere 
above 
the 
1 kHz 
frequency. 
For 
telephony 
circuits, 
the 
second 
pole 
can 
be 
placed 
above 
1.8 kHz 
to 
exceed 
the 
1633 
touchtone 
frequency. 
In other 
com· 


munication 
systems, 
values 
as .low 
as 
1 
kHz 
may 
be 
selected. 
In general, 
the 
lower 
in frequency 
the 
second 
pole 
is placed, 
the 
greater 
the 
noise 
improvement. 
Then, 


to 
ensure 
the 
encoder 
loop 
stabil ity, 
a zero 
is added 
to 
keep 
the 
phase 
shift 
less 
than 
1800. 
This 
zero 
should 


be placed 
slightly 
above 
the 
low-pass 
output 
filter 
break 
frequency 
so 
as 
not 
to 
reduce 
the 
effectiveness 
of the 
second 
pole. 
A network 
of 235 
Hz, 2 kHz and 
5.2 kHz 
is 
typical 
for 
telephone 
applications 
while 
160 
Hz, 


1.2 kHz and 2.8 kHz might 
be used in voice only channels. 
(Voice 
only 
channels 
can 
use 
an output 
low·pass 
filter 
which 
breaks 
at about 
2.5 
kHz.) 
The 
two·pole 
network 
in Figure 
16 has a transfer 
function 
of: 


C2 
O.15I'F~ 


These 
component 
values 
are 
for 
the 
telephone 
channel 
circu it 
poles 
described 
in 
the 
text. The 
R2, C2 product 
can be provided 
with 
different 
values of 
A and C. R2 should 
be chosen to be equal 
to the 
termination 
resistor 
on pin 
1. 


Thus the two poles and the zero can be selected arbitrarily 
as long as the zero is at a higher frequency than the first 
pole. The values in Figure 16 represent one implementa· 
tion of the telephony 
filter requirement. 
The selection 
of the two·pole 
filter 
network 
effects 
the selection of the loop gain value and the minimum 
step 


size resistor. The required 
integrator 
current 
for a given 


change in voltage now becomes: 


Va 
(R2C2 
R,C, 
~ AVo 
li=- 
+-- 
+--+C, 
--+ 


RO 
RO 
RO 
AT 


~ 


R1C1R2Ci)AV02 
R2C2Cl + ---- 
-- 
. 


RO 
AT2 


The calculation of desired gain resistor Rx then proceeds 
exactly as previously described. 


Syllabic Filter Design 


The syllabic 
filter 
in Figure 14 is a simple single-pole 
network 
of 
18 kn 
and 0.33 IlF. This produces a 6.0 ms 


time constant for the averaging of the coincidence output 
signal. The voltage across the capacitor 
determines the 


integrator 
current which in turn establishes the step size. 
The integrator 
current 
and the resulting step size deter· 


mine 
the 
companding 
ratio 
and the SIN 
performance. 


The 
companding 
ratio 
is defined 
as the voltage across 


CS/VCC· 
The SIN 
performance may be improved by modifying 
the voltage to current 
transformation 
produced 
by Rx. 


If different portions of the total Rx are shunted by diodes, 
the integrator current can be other than (VCC - VS)/Rx. 
These breakpoint 
curves must be designed experimentally 
for 
the 
particular 
system 
application. 
In general, 
one 


would 
wish that 
the current 
would 
double 
with 
input 
level. To design the desired curve, supply current to pin 4 
of 
the 
codec 
from 
an external 
source. Input 
a signal 


level and adjust 
the current 
until 
the SIN 
performance 


is optimum. 
Then 
record the syllabic 
filter 
voltage and 


the 
current. 
Repeat 
this 
for 
all 
desired 
signal levels. 


Then derive the resistor diode network 
which 
produces 


that curve on a curve tracer. 
Once the 
network 
is designed with 
the curve tracer, 


it is then 
inserted in place of Rx in the circuit 
and the 


forced 
optimum 
noise 
performance 
will 
be 
achieved 


from the active syllabic algorithm. 


Diode 
breakpoint 
networks 
may 
be very simple or 


moderately complex and can improve the usable dynamic 
range of any codec. In the past they have been used in 
high performance telephone codecs. 
Typical resistor·diode networks are shown in Figure 17. 


01 
02 03 


A1 
A2 


~ 


If the performance 
of more complex 
diode networks 


is desired, the circuit 
in 
Figure 
18 should 
be used. It 


simulates 
the 
companding 
characteristics 
of 
nonlinear 
Rx elements in a different 
manner. 


Output 
Low PassFilter 
A 
low 
pass filter 
is required 
at the receiving cincuit 


output 
to eliminate quantizing noise. In general, the lower 


the 
bit rate, the better the filter 
must be. The filter 
in 


Figure 
20 
provides 
excellent 
performance 
for 
12 kHz 


to 40 kHz systems. 


Two specifications 
of the integrated circuit 
are speci· 


fically 
intended 
to 
meet the 
performance 
requirements 
of 
commercial 
telephone 
systems. First, 
slope polarity 
switch 
current 
matching 
is laser trimmed 
to guarantee 
proper 
idle channel 
performance 
with 
5 mV minimum 
step size and a typical 
1% current 
match from 
15 IJA 
to 3 mA. Thus a 300 to 1 range of step size variation 
is 


possible. 
Second, 
the 
MC3418 
provides 
the 
four·bit 
algorithm 
currently 
used in 
subscriber 
loop telephone 
systems. With 
these specifications 
and the circuit 
of Fig· 


ure 18, a telephone quality 
codec can be mass produced. 


The circuit 
in Figure 18 provides a 30 dB SINe ratio 
over 50 dB of dynamic 
range for a 1 kHz test tone at 


a 37.7K 
bit rate. At 37.7K 
bits, 40 voice channels may 


be multiplexed 
on a standard 1.544 megabit Tl 
facility. 


This codec has also been tested for 10-7 error rates with 
asynchronous 
and synchronous 
data up to 
2400 
baud 
and for reliable performance with 
DTMF signaling. Thus, 


the design is applicable 
in telephone 
quality 
subscriber 


loop 
carrier 
systems, subscriber 
loop concentrators 
and 
small PABX installations. 


II 


II 


The Active 
Companding 
Network 


The 
unique 
feature 
of the 
codec 
in Figure 
18 is the 
step 
size 
control 
circuit 
which 
uses a companding 
ratio 


reference, 
the 
present 
step 
size, 
and 
the 
present 
syllabic 
filter 
output 
to 
establish 
the 
optimum 
companding 
ratios 
and 
step 
sizes 
for 
any given input 
level. The com- 
panding 
ratio 
of 
a CVSD 
codec 
is defined 
as the 
duty 


cycle 
of 
the 
coincidence 
output. 
It 
is the 
parameter 
measured 
by the 
syllabic 
filter 
and 
is the 
voltage 
across 
Cs divided 
by the voltage swing of the coincidence 
output. 
In Figure 
18, the 
voltage 
swing of pin 
11 is 6 volts. 
The 


operating 
companding 
ratio 
is anal aged 
by 
the 
voltage 
between 
pins 
10 
and 
4 
by 
means 
of 
the 
virtual 
short 
across 
pins 3 and 4 of the 
V to 
I op amp within 
the inte- 


grated 
circuit. 
Thus, 
the 
instantaneous 
companding 
[atio 
of 
the 
codec 
is always 
available 
at 
the 
negative 
input 
of A1. 


The 
diode 
Dl 
and 
the 
gain 
of 
Aland 
A2 
provide 
a 
companding 
ratio 
reference 
for 
any 
input 
level. 
If 
the 
output 
of A2 
is more 
than 
0.7 
volts 
below 
VCC/2, 
then 
the 
positive 
input 
of A 1 is (VCC/2 
- 0.7). 
The on 
diode 
drop 
at 
the 
input 
of 
A 1 represents 
a 12% com- 
panding 
ratio 
(12% = 0.7 V16 V). 


The 
present 
step 
size of the operating 
codec 
is directly 


related 
to 
the 
voltage 
across 
Rx, 
which 
established 
the 
integrator 
current. 
In Figure 
18, the 
voltage 
across 
Rx is 
amplified 
by the 
differential 
amplifier 
A2 whose 
output 
is single ended 
with 
respect 
to pin lOaf 
the 
IC. 


For 
large 
signal 
inputs, 
the 
step 
size 
is large 
and 
the 


output 
of A2 is lower 
than 
0.7 volts. Thus 
Dl is fully on. 


The 
present 
step 
size 
is not 
a factor 
in the 
step 
size 
control. 
However, 
the 
difference 
between 
12% 
camp- 
panding 
ratio 
and the 
instantaneous 
companding 
ratio 
at 


pin 
4 is ampl ified by A 1. The output 
of A 1 changes 
the 
voltage 
across 
Rx 
in a direction 
which 
reduces 
the 
dif- 


ference 
between 
the 
companding 
reference 
and 
the 
operating 
ratio 
by 
changing 
the 
step 
size. 
The 
ratio 
of 
R4 and 
R3 determines 
how 
closely 
the 
voltage 
at pin 4 
will 
be 
forced 
to 
12%. 
The 
selection 
of 
R3 and 
R4 
is 
initially 
experimental. 
However, 
the resulting 
companding 
control 
is dependent 
on 
Rx, 
R3, 
R4, and the 
full diode 
drop 
D 1. These 
values 
are easy to reproduce 
from 
codec 
to codec. 
For small 
input 
levels, 
the companding 
ratio 
reference 
becomes 
the 
output 
of 
A2 
rather 
than 
the 
diode 
drop. 


The operating 
companding 
ratio on pin 4 is then compared 
to 
a companding 
ratio 
smaller 
than 
12% which 
is deter- 


mined 
by the 
voltage 
drop 
across 
Rx and the 
gain of A2 


FIGURE 
18 - 
TELEPHONE 
QUALITY 
DELTAMOD 
CODER 
IBoth double 
integrltion 
and activi 
companding 
control 
are used to obtain 
improved 
CVSD 
performance. 
l •• 
, trimming 
of the integrated 
circuit 
provides 
,eliable 
idle channel 
and step size range ch.racteristics.) 
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FIGURE 
19 - 
SIGNAL·TO·NOISE 
PERFORMANCE 
AND FREQUENCY 
RESPONSE 
(Showing 
the improvement 
realized with 


the circuit 
in Figure 
18.) 


w 
!!?oz 
oI- 
--' 
<: 
25 
Z 
" 
Vi 


50 dB 


4 BIT 
ALGORITHM 
37.7K 
BITS 
, 
kHz 
TEST 
TONE 
C MESSAGE 
WEIGHT 


and A'. 
The gain of A2 is also experimentally 
determined, 
but once determined, the circuitry 
is easily repeated. 
With 
no input signal, the companding 
ratio at pin 4 
goes to zero and the voltage across Rx goes to zero. The 
voltage at the output 
of A2 becomes zero since there is 
no drop across Rx. With 
no signal input, 
the actively 


controlled step size vanished. 
The minimum 
step size is established by the 500 k 


resistor between VCC and VCC/2 and is therefore inde- 
pendently selectable. 
The signal to noise results of the active companding 
network 
are shown in Figure 19. A smooth 2 dB drop is 
realized from +12 dBm to -24 
under the control 
of Al. 
At 
- 24 dBm, A2 begins to degenerate the companding 
reference and the resulting step size is reduced so as to 
extend 
the 
dynamic 
range of 
the 
codec by 20 dBm. 
The slope overload characteristic 
is also shown. The 
active companding 
network 
produces improved 
perfor- 
mance with frequency. The 0 dBm slope overload point is 
raised to 4.B kHz because of the gain available in control- 
ling the voltage across Rx. The curves demonstrate that 
the level linearity has been maintained or improved" 
The codec in Figure lB 
is designed specifically 
for 
37.7K 
bit systems. However, the benefits of the active 
companding 
network 
are not 
limited 
to 
high bit 
rate 
systems. By 
modifying 
the crossover region (changing 
the gain of A21, the active technique 
may be used to 
improve the performance of lower bit rate systems. 
The performance 
and repeatability 
of the codec in 
Figure 1B represents a significant step forward in the art 
and cost of CVSD codec designs. 


• A larger value for C2 is required in the decoder circuit 
than in the encoder to adjust the level linearity 
with 
frequency. In Figure 18, 0.050fJF would work well. 
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Digital 
Input 


Codec Components 


RX1. 
RX2- 
3.3 kn 


AP1. 
Rp2 
- 
3.3 
kn 


RS1. RS2 - 
100 kn 


All. 
RI2 - 
20 kn 


R12-1kn 
AM1. 
RM2 -5 
Mn 
(MC3417) 


Minimum 
step size· 
20 mV 


RM1. 
RM2 - 
15 Mf! 
(MC3418l 


Minimum 
step size'" 
6 mV 


Input Filter Specifications 


12 d8/0cta\le 
Rolloff 
abo\le 3 3 kHz 
6 dB/Octa\le 
Rolloff 
below 
50 Hz 


Filter Components 


Al-965n 


A2 
- 
72 
kn 


R3 - 
72 
kn 
R4 - 
63.46 
kn 


R5-127kf! 


A6 - 
365 
5 kn 


A7 - 
1.645 Mn 


AS 
- 
72 
k.f! 


A9 - 
72 
kf! 


Al0 
- 
29.5 
kn 


Al1-72kn 


Cl 
- 
3.3 J.l.F 


C2-837pF 


C3 - 
536 
pF 
C4 - 
1000 pF 


C5 - 222 pF 
C6 - 
77 pF 


C7 - 
38 pF 


C8-837pF 


C9 - 
536 
pF 


Output 
Filter Specifications 


Break 
FreQuency 
- 
3.3 kHz 
Stop 
Band - 
9 kHz 


StOP Band Atten. 
~ 50 dB 
Aolloff 
- > 40 dB/Octave 


CS1. CS2 - 
0.05 J.l.F 


Cll. 
Cl2 
- 
O.05IJ,F 


2 MC3417 
(or MC3418) 


1 MC3403 
(or MC3406) 


COMPARATIVE 
CODEC PERFORMANCE 
The salient feature of CVSD codecs using the MC3517 


and MC3518 
family 
is versatility. 
The range of 
codec 


complexity 
tradeoffs 
and bit 
rate is so wide that 
one 


cannot 
grasp the 
interdependency 
of 
parameters 
for 


voice 
applications 
in a few 
pages. 


Design of 
a specifie codec must be tailored 
to 
the 


digital 
channel 
bandwidth, 
the 
analog bandwidth, 
the 


quality 
of 
signal 
transmission 
required 
and 
the 
cost 


objectives. To illustrate the choices available, the data in 
Figure 22 compares the signal·to-noise ratios and dynamic 
range 
of 
various 
codec 
design options 
at 
32K 
bits. 


Generally, the relative merits of each design feature will 


remain intact 
in any application. 
Lowering the bit rate 
will 
reduce the 
dynamic 
range and noise performance 


of all techniques. As the bit rate is increased, the overall 
performance of each technique will improve and the need 
for more complex designsdiminishes. 
Non-voice applications 
of the MC3517 and MC3518 
are also possible. In those cases, the signal bandwidth 
and 
amplitude 
characteristics 
must 
be defined 
before 
the specification 
of codec parameters can begin. How- 
ever, in general, the design can proceed along the lines of 
the voice applications shown here, taking into account the 
different signal bandwidth requirements. 


35 


~ 
30 


'-' 
25 


~~ 
20 
uz 
15 
Z 


10 


50 


. 


1/ 
-- 


I-- 
"- 
b 
-- 
- 
,> ~ V "/ 
•.......... 
./ --> 
V 
./ 
32K 
Bil CVSO 
with - 


V./ 
d 
./ 
MC3417 
01 MC3418 


V 
/ 
/ 


-45 
-40 
-35 
-30 
-25 
-20 
-15 
-10 
-50 


AMPLITUDE 
(dB) 


These 
curves 
demonstrate 
the 
improved 
performance 
obtained 


with several codec designs of varying complexity. 


Curve a - 
Complex companding and double integration 
(Figure 
1S - 
MC341S1 
Curve b - 
Double integration 
(Figure 21 using Figure 6 - 
MC341S1 


Curve c - 
Single integration 
(Figure 21 - 
MC341S) 
with 
6 mV step size 
Curve d - 
Single integration 
(Figure 21 - 
MC3417) 
with 
25 mV step size 


The maximum 
power consumption an integrated 


circuit 
can 
tolerate 
at 
a 
given 
operating 
ambient 


temperature, 
can be found 
from 
the 
equation: 


TJ(max) - TA 


ROJA (Typ) 


Where: PD(TAJ = Power Dissipation 
allowable at a 


given 
operating 
ambient 
temperature. 
This 
must 
be 
greater than the sum of the products of the supply 


voltages 
and 
supply 
currents 
at 
the 
worst-case 
oper- 


ating 
condition. 


TJ(max) = Maximum Operating Junction 
Temperature as listed in the 


Maximum 
Ratings 
Section 
TA = Maximum Desired Operating Ambient 
Temperature 
ROJA(Typ) = Typical Thermal Resistance 
Junction to Ambient 
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@ MOTOROLA 


· .. designed as the heart of a circuit to provide BORSHTfunctions 
for telephone 
service in Central Office, PABX, and Subscriber Car- 


rier equipment. 
This circuit 
provides 
dc power for the telephone 
l.!!attery), Qvervoltage 
protection, 
~upervision 
features 
such as 
hook status and dial pulsing, 
two-wire 
differential 
to four-wire 
single-ended 
conversions 
and suppression 
of longitudinal 
signals 
at the two-wire 
input 
(!:!ybridl. 
and facilitates 
ringing 
insertion, 


!!ing trip detection 
and Iesting. 


• Totally 
Upward 
Compatible 
with the MC3419 


• 
All Key Parameters 
Externally 
Programmable 


• 
Current Sensing Outputs 
Monitor 
Status of Both Tip and Ring 
Leads for Auxiliary 
Functions 
such as: Ground 
Key, Ring Trip, 
Message Waiting 
Lamp, etc. 


• 
On-Hook Power Below 5.0 mW 


• 
Digital Hook Status Output 


• 
Powerdown 
Input 


• 
Ground 
Fault Protection 


• 
Operates from Single 
- 20 V to - 56 V Power Source 


• 
Size and Weight 
Reduction Over Conventional 
Approaches 


• 
The sale of this product 
is licensed under Patent No. 4,004,109. 
All royalties 
related to this patent are included in the unit price. 
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SUBSCRIBER 
LOOP 
INTERFACE 
CIRCUIT 
(SUC) 


BIPOLAR LASER-TRIMMED 
INTEGRATED 
CIRCUIT 


LSUFAX 
CERAMICPACKAGE 
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VAG 
Analog Ground 


RSO 


TSO 


RX! 
RRX 
ReceiveInput 


CRX 
VRX 


t 
HSO 
0 
0- 
POI 
~ 


HST 
~ 


RTXl 


TXO 


RTX2 


RH 
RVTX 


Rlting 
Symbol 
Vllue 
Unit 


Voltage 
VEE 
-60 
Vdc 


VOB 
VEE - 1.0 V 


Powerdown 
Input 
Voltage 
Range 
VpDI 
+ 15 to 
-15 
Vdc 


Sense 
Current 
ITSI,IRSI 
mAde 


Steady 
State 
100 
Pulse - 
Figure 
4 
200 


Storage 
Temperature 
Range 
Tsto 
-65 
to 
+ 150 
·C 


Operating 
Junction 
Temperature 
TJ 
150 
·C 


(8JA 
; 
100·c/w 
Typ) 
_.- 


Rlting 
Symbol 
Vllue 
Unit 


Operating 
Ambient 
TA 
o to 
+ 70 
·C 
Temperature 
Range 


Loop 
Current 
IL 
10 to 120 
mA 


Voltage 
VEE 
-20 
to 
-56 
Vdc 


VOB 
-20 
to VEE 


Analog 
Ground 
VAG 
Vdc 


(lL ~ 0 to 60 mAl 
o to 
- 12 
(lL ; 
0 to 120 mAl 
-2.5to 
-12 


Supervisory 
Output 
Voltage 
VRSO,VTSO 
-2.0 
to 
-20 
Vdc 
Compliance 
Range 


Hook Status 
Output 
VHSO 
+ 15 to 
-20 
Vdc 


Loop Resistance 
RL 
o to 2500 
n 


VCC 
VAG 


EP 
RXI 


BP 


TSI 


CC 
HSO II 
RSI 
TSO 


BN 


EN 


VEE 


Characteristic 
Figure 
Symbol 
Min 
Typ 
MI. 
Unit 


Transmit 
and Receive 
Gain Variation 
1 
VTXNL, 
dB 
(Insertion 
Loss) 
VLNRX 
(1.0 kHz @, 0 dBm 
Input) 


MC3419-1 
-0.3 
0 
+0.3 
MC3419A-l 
-0.15 
0 
+0.15 
MC3419C-l 
-0.4 
0 
+0.4 


Transhybrid 
Rejection 
1 
VTXNRX 
dB 
(Input 
- 
1 kHz @: 0 dBm) 
Fixed (1%) 
Resistor 
Balance 
Network 
MC3419-1, 
MC3419C-l 
-23 
-35 
- 
MC3419A-l 
-33 
-40 
- 
Trimmed 
Balance 
Network 
All Types 
- 
-55 
- 


Level 
Linearity 
(- 
4B to 
+ 3.0 dBm, 
referenced 
to 
1 
dB 
o dBm 
@ 1 kHz) 
Transmission 
VTXNL 
-0.1 
0 
+0.1 
Reception 
VLNRX 
-0.1 
0 
+0.1 


Frequency 
Response 
(200-3400 
Hz referenced 
to 
1 
dB 
1.0 kHz @ 0 dBm) 
Transmission 
VTXNL 
-0.1 
0 
+0.1 
Reception 
VLNRX 
-0.1 
0 
+0.1 


Total 
Distortion 
@ 1.0 kHz, 0 dBm 
1 
VLNRX 
- 
-60 
- 
dB 
(C-Message 
Filtered) 
VTXNL 
- 
-60 
- 


II 


Chl,"ctl,lltlc 
Flgu," 
Symbol 
Mln 
Typ 
MIx 
Unit 


Idle Channel Noise (VRX = 0 V) 
1 
VTX,VL 
dB,nC 
MC341S·1, MC341SA-l 
- 
3.0 
10 
MC341SC·l 
- 
4.0 
13 


Return Loss (referenced to SOOohms) (it 1.0 kHz, 
1 
IRo-sool 


o dBm 
20 Log 
RO+ SOO 


MC341SA-l 
3S 
- 
- 
dB 
MC341S-1, MC341SC-1 
30 
- 
- 
dB 


Longitudinal 
Induction (SOHz) 
2 
VTX 
- 
5.0 
- 
dBrnC 
(lLON = 35 mA RMS) 


Longitudinal 
Balance 
2 
VTXNLON, 
dB 
MC3419-1 (200-3000 Hz) 
VLNLON 
-45 
- 
- 
MC3419A-l (200-1000 Hz) 
-50 
- 
- 
MC3419A-1 (3000 Hz) 
-46 
- 
- 
MC3419C-l (200-3000 Hz) 
-40 
- 
- 


Characteristic 
Figure 
Symbol 
Min 
Typ 
MIX 
Unit 


Propagation Delay 
1 
Tp. VRX to VL 
- 
750 
- 
ns 
VRX to ITX 
- 
1.2 
- 
JJ.S 


Supply Current - 
On-Hook 
3 
IVCC 
p.A 


(VEE = VOB = 5S V. RL > 100 MOl 


MC3419-1. MC3419A-l 
- 
40 
200 
MC3419C-1 
- 
100 
500 


On-Hook 
Power 
Dissipation 
3 
Po 
mW 
(RL> 
100 MOl 
MC3419-1, MC3419A-l 
- 
1.0 
- 
MC3419C-l 
- 
2.5 
- 


Power Supply Noise Rejection 
3 
VTXNee 
dB 
(1.0 kHz (a, 1.0 VRMS) 
MC3419-1, MC3419A-1 
-40 
- 
- 
MC3419C-1 
-30 
- 
- 


Quiet Banery Noise Rejection 
3 
VTXNqb 
-- 
-S.O 
- 
dB 
(1.0 kHz Co, 1.0 VRMS) 


Sense 
Current 
4 
mAJmA 
Tip 
ITSO/ITSI 
0.15 
0.17 
0.19 
Ring 
IRSO/IRSI 
0.15 
0.17 
0.19 


Fault Currents 
1 
mA 
Tip to VCC 
ITip 
- 
0 
- 
Ring to VCC 
IRing 
- 
2.5 
- 
Tip to Ring 
ILoop 
- 
120 
- 
Tip and Ring to VCC 
ITio and IRino 
- 
2.5 
- 


Analog Ground Current 
1 
IVAG 
- 
0.1 
2.0 
p.A 


Powerdown Logic Levels 
1J5lii 
- 
-1.0 
-10 
p.A 


VIH 
- 1.2 
- 
- 
Vdc 
VIL 
- 
- 
-4.0 
Vdc 


Hook Status Output Current 
1 
IHSO 
(RL < 2.5 kO, VHSO = + 0.4 Vdc) 
+ 1.0 
+3.0 
- 
mA 
VHSO = - 0.4 Vdc) 
-0.4 
- 1.5 
- 
mA 
(RL > 10 kO, VHSO ~ + 12 Vdc) 
- 
0 
+50 
p.A 


VHSO = -12 Vdc) 
- 
0 
-2.0 
p.A 


10pF 
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FIGURE 2 - 
LONGITUDINAL 
BALANCE TEST CIRCUIT 


1 O.F 


VCC 
VAG 


18 
OV 


MJE271 
17 


EP 
RXI 


BP 
TXO 


16 


368 
Top 
4 
15 
TSI 
m 
90.09 
k 


+ 


VL 
14 


CC 
HSO 


368 
17.4 k 
13 


RSI 
TSO 
~$'" 


12 


BN 
RSO 


11 


"- 
VLON 
EN 
HST 


VEE 
VOB 
10 


43 k 
232 k 


-48V 


(Tip 
&. Ring) 
AC Termination 
Impedance. 
RO = 600 n 
Transmit 
and Receive 
Gain = 0 dB 
DC Feed Resistance, 
RF ~ 400 n 
Al 
~ 
MC1741N 
or Equivalent 


II 
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Pin 
Nama 
Function 


1 
VCC 
The 
positive 
supply 
voltage. 
This 
point 
is ground 
in typical 
applications. 


2,8 
EP & EN 
Loop 
current 
sensing 
inputs. 
These 
are connected 
to the 
eminers 
of the 
PNP and 
NPN 
Derlington 
transistors. 
They 
are tied 
through 
10 fl resistors 
to VCC and 
VEE, respectively. 
The 
maximum 
continuous 
current 
through 
these 
inputs 
is 240 mA. 


3,7 
BP & BN 
Base drive 
outputs. 
These 
pins 
drive 
the 
bases 
of the 
PNP and 
NPN transistors 
and 
are able 
to sink 
or scurce. 
respectively, 
up to 5.0 mA. 


4,6 
TSI & RSI 
Tip 
and 
Ring 
voltage 
Sensing 
Inputs. 
They 
are low 
impedance 
inputs 
(approximately 
600 fl each 
i.e.• 400 n + 3 diodes) 
that translate 
the voltages 
on Tip and Ring to a current 
through 
resistors 


RT and 
RR. TSI is referenced 
to VCC and 
RSI is referenced 
to VOB. 
These 
pins 
have 
6.0 V zener 
diodes 
(to their 
respective 
reference) 
for protection 
against 
overvoltage 
line surges. 


5 
CC 
Compensation 
Capacitor 
pin. This pin is used to stabilize 
the longitudinal 
or common 
mode 
circuitry. 


9 
VEE 
Negative 
supply 
voltage. 
This 
pin ties 
to the 
chip 
substrate. 
Its operating 
voltage 
range 
is - 20 V to 


- 56 V. It can withstand 
- 60 V without 
damage 
and 
can sustain 
a voltage 
surge 
to 
- 75 V for 
less 
than 
4.0 ms without 
significant 
degradation 
of performance. 
Most 
of the 
loop 
current 
and 
bias 


currents 
flow 
through 
this 
pin. 


10 
VOB 
Ouiet 
Banery 
Voltage 
reference. 
This 
is the voltage 
reference 
for 
the 
RSI pin. 
Its voltage 
must 
not 
go more 
negative 
than 
VEE. The current 
through 
this 
pin, 
while 
powered 
up, 
is proportional 
to 
the 
loop 
current, 
allowing 
it to be used 
for 
loop 
current 
limiting. 
The voltage 
on this 
pin, 
less 4 
volts, 
is the 
"eHective 
banery 
feed 
voltage 
for 
the 
2-wire 
lines 
even 
though 
most 
of the 
power 


comes 
from 
the 
VEE supply. 


11 
HST 
Hook 
Status 
Threshold 
programming 
resistor 
input. 
RH determines 
the 
value 
of loop 
resistance 
at 
which 
on-hook 
and 
oH-hook 
status 
is switched. 


12 
RSO 
Ring 
Sense 
current 
Output. 
This 
output 
reflects 
the voltage 
status 
of the 
Ring 
terminal 
for 
voltages 
more 
positive 
than 
VOB. 
The 
current 
is sourced 
from 
this 
output, 
it is one-sixth 
IRSI, its voltage 
range 
is 0 to 
- 20 V and 
its saturation 
voltage 
is approximately 
- 2.0 V. 


13 
TSO 
Tip 
Sense 
current 
Output. 
This 
output 
reflects 
tha 
voltage 
status 
of the 
Tip terminal 
for 
voltagea 
more 
negative 
than 
VCC. The current 
is sourced 
from 
this 
output, 
it is one-sixth 
ITSI, 
its voltage 
ranga 
is 0 V to 
- 20 V and 
its saturation 
voltage 
is approximately 
- 2.0 V. 


14 
HSO/HSO 
Hook 
Status 
Output. 
This 
is a digital 
output 
that 
r.flacts 
tha 
condition 
of tha 
loop 
resistanca, 
If loop 
resistance 
is lass than 
a pradetermined 
value 
established 
by RH, usually 
RL < 2.5 kO, the 
HSO 
pin 
will 
be active, 
i.•.• with 
positive 
voltag. 
logic 
(a resistor 
tied 
from 
a + 5.0 V or 
+ 12 V supply 
to HSO), 
this 
pin will 
sink 
curr.nt 
to VCC (VHSO 
•• 0 V); with 
nagativ. 
voltag. 
logic 
(a resistor 
ti.d 
from 
a -12 
V supply 
to HSO). 
this 
pin will 
source 
current 
from 
VCC (VHSO 
ao 0 V). If loop 
resistanca 
is greater 
than 
a pred.terminad 
valu. 
again 
.stablished 
by the 
same 
r.sistor 
RH' 
usually 
RL > 10 kO, the 
HSO 
pin 
is inactive, 
i.e .• VHSO 
= logic 
supply 
voltage. 


15 
J5t51 
Powerdown 
Input 
pin. 
This 
pin 
is used 
to deny 
service 
to the 
subscrib.r. 
A logic 
I.vel 
"0" (VIL < 
-4.0 
VI powers 
down 
tne 
MC3419-1 
except 
for 
HSO, TSO 
and 
RSO. Th. 
voltag. 
range 
of this 


high 
impedance 
input 
pin 
is '" 15 V. 


16 
TXO 
Transmit 
current 
Output. 
This 
output 
sinks 
current 
to VOB 
and 
is proportional 
to ITSI 
+ 
IRSI by a 
ratio 
of K1 wh.re: 
K1 = 
1.02. Its saturation 
voltage 
is VOB 
+ 2.5 V typ. 
(+ 3.5 V over 
the 
temperature 
range), 
This 
pin 
is only 
active 
during 
the otf·hook 
power-up 
condition. 


17 
RXI 
Receive 
Input. 
This 
input 
sums 
ac currents 
from 
TXO 
and the 
r.c.ive 
voltage 
input 
(VRX) 
and 
sources 
all the 
de current 
to TXO. 
It has a low 
input 
impedance 
(15 01 typically 
biased 
4.5 V 
below 
the VAG pin voltage 
during 
off-hook 
power-up 
conditions. 
During 
powerdown 
conditions, 
the 
voltages 
on RXI and 
TXO 
can drift 
up to VAG. 


18 
VAG 
Analog 
Ground 
Voltage 
reference 
input. 
The input 
impedance 
of this 
pin 
is much 
greater 
than 
1.0 MO. 
It should 
be ac coupled 
to system 
ground 
and 
could 
be direct 
coupled 
if system 
ground 
is 
between 
0 V and 
- 12 V. AC coupling 
requires 
300 kO to VCC and 
0.1 I'F to system 
ground. 
If 
VCC and 
system 
ground 
are common, 
tie VAG 
directly 
to VCC' 
If de loop 
currents 
are allowed 
to 
go higher 
than 
60 mA, 
VAG 
should 
be biased 
from 
-2.5 
V to 
- 12 V to avoid 
problems 
at high 
ambient 
temperatures. 


Referring to the functional 
block diagram 
on page 1, 
line sensing 
resistors 
(RR and RT) at the TSI and RSI 
pins convert voltages at the Tip and Ring terminals 
into 
currents which are fed into current mirrors' 
Al and A2. 
An output of A 1 is mirrored 
by A3 and summed together 
with 
an output 
of A2 at the TXO terminal. 
Thus, a dif- 
ferentialto 
single-ended 
conversion 
is performed 
from 
the ac line signals to the TXO output. 


All 
the 
dc current 
at the TXO output 
is fed 
back 
through 
the RXI terminals 
to the Bl mirror 
input. The 
inputs to Bl and B2 are made equal by mirroring 
the 
Bl 
input current 
to the B2 input through 
a unity gain 
output 
of the Bl mirror. 
Both Bl and B2 mirrors 
have 
high gain outputs 
(x95) which drive the subscriber 
lines 
with balanced currents that are equal in amplitude 
and 
180' out of phase. The feedback from the TXO output, 
through 
the 
B-Circuit 
mirrors, 
to the subscriber 
line 
produces 
a dc feed 
resistance 
significantly 
less, but 
proportional 
to the loop sensing resistors. 
In most 
line-interface 
systems, 
the 
ac termination 
impedance 
is desired 
to be greater 
than the dc feed 
impedance. A differential 
ac generator on the subscriber 
loop would 
be terminated 
by the dc feed impedance 
if 
the total ac current at the TXO output were returned to 
the 
B1 input 
along 
with 
the dc current. 
Instead, the 
MC3419-1 system diverts part of the ac current from the 
B-Circuit mirrors. 
This decreases the ac feedback cur- 
rent, causing the ac termination 
impedance 
at the line 
interface to be greater than the dc feed impedance, 


The ac current 
that 
is diverted 
from 
the B1 mirror 
input is coupled to a current-to-voltage 
converter circuit 
that has a low input impedance. 
This circuit consists of 
an op amp (external 
to the MC3419-1) and a feedback 
resistor 
which 
produces 
the transmit 
output 
voltage 
(VTX) at the 4-wire interface, Transmission 
gain is pro- 
grammed 
by the op amp feedback resistor (RVTXI, 
Reception 
gain is realized by converting 
the ac cou- 
pled receive input voltage 
(VRX) to a current through 
an external 
resistor 
(RRX) at the low impedance 
RXI 
terminal. 
This current is summed at RXI with the dc and 
ac feedback 
current 
from 
the 
A-Circuit 
mirrors 
and 
drives the B1 mirror 
input. The B-Circuit mirror outputs 
drive the 2-wire port with 
balanced ac current 
propor- 
tional 
to the receive input voltage. 
Reception 
gain is 
programmed 
by the RRX resistor. 
Since receive input signals are transmitted 
through 
the MC3419-1 to the 2-wire 
port, and the 2-wire 
port 
signals 
are returned 
to the 4-wire 
transmit 
output 
a 
means of cancellation 
must 
be provided 
to maintain 
4-wire 
signal 
separation 
(transhybrid 
rejection). 
Can- 
cellation 
is complicated 
because the gain from the re- 
ceive port to the transmit port depends on the impedance 


• A current 
mirror 
is a circuit 
which 
behaves 
as a current 
controlled 


current 
source. 
It has 
a single 
low-impedance 
input 
terminal 
with 
re- 


spect 
to a reference 
point 
and 
one 
or more 
high 
impedance 
outputs. 


of the subscriber 
loop. A passive "balance 
network" 
is 
used to achieve transhybrid 
rejection 
by cancelling, 
at 
the low impedance 
input to the transmit 
op amp, the 
current 
reflected 
by the loop impedance 
to the 4-wire 
transmit 
output. For a resistive loop impedance, a single 
resistor 
provides 
the cancellation. 
For reactive 
loops, 


the balance network 
should 
be reactive. 


Longitudinal 
(common-mode) 
currents 
that may be 
present on the subscriber 
lines are suppressed 
in the 
MC3419-1 by two methods. 
The first is inherent 
in the 
mirror 
configuration. 
Positive-going 
longitudinal 
cur- 
rents into Tip and Ring create common-mode 
voltages 
that cause a decreasing current through the Tip Sensing 
resistor 
and an increasing 
current 
through 
the 
Ring 
Sensing resistor. When these equal and opposite signal 
currents are reflected through 
the A-Circuit mirrors and 
summed 
together 
at TXO, the total current at TXO re- 
mains unchanged. Therefore, the ac currents due to the 
common-mode 
signal are cancelled before reaching the 
transmit 
output. 


The second longitudinal 
suppression 
method is more 
dominant, 
since 
it limits 
the 
amplitude 
of common- 
mode voltages that appear at the Tip and Ring terminals, 


A common-mode 
suppression 
circuit 
detects 
com- 
mon-mode 
inputs 
and drives the loop with 
balanced 
currents to reduce the input amplitude. 
Subtracting 
cur- 
rents from 
outputs 
of the Aland 
A2 mirrors 
produces 
a signal current 
at the CC terminal 
in response to the 
common-mode 
voltage 
at Tip and Ring, A transcon- 
ductance amplifier 
(C-Circuit) generates a current 
pro- 
portional 
to the CC terminal 
voltage which is summed 
with the current from the RXlterminal 
at the inputs of 
current 
mirrors 
B1 and B2. The weighting 
and polarity 
of the summing 
networks 
produce common-mode 
B1 
and B2 mirror 
output 
currents 
at the 2-wire 
port. The 
common-mode 
input 
impedance 
is inversely 
propor- 
tional to the gain of the longitudinal 
suppression 
circuit. 


RC and Cc compensate 
the common-mode 
feedback 
loop. At60 Hz with typical component 
values, the 2-wire 
common-mode 
impedance 
is less than 5 n, 


The longitudinal 
suppression 
circuit 
output 
currents 
are generated 
by modulating 
dc current fed to the loop 
by the B1 and B2 current 
mirrors. 
This configuration 
avoids 
the 
increased 
power 
dissipation 
attributed 
to 
current 
mode 
loop drive 
because dc and longitudinal 
currents 
are 
not 
cumulatively 
sourced 
to 
the 
loop. 
However, 
driving 
common-mode 
currents through 
the 
B-circuit current mirrors 
in this manner limits the long- 
itudinal suppression 
capability. 
The suppression 
circuit 
is unable to reverse 2-wire current polarities to maintain 
a low-impedance 
termination 
when 
longitudinal 
cur- 
rents exceed the dc loop current. 
At low dc loop cur- 
rents, the common-mode 
signal 
capability, 
known 
as 
longitudinal 
capacity, is limited by the loop current (Fig- 
ure 6). At high-loop 
currents, 
longitudinal 
capacity 
is 
limited 
by the maximum 
voltage 
swing 
of the CC ter- 
minal and is therefore 
independent 
of dc loop current. 
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The hook status control 
circuit supplies the bias cur- 
rents to activate the B-Circuit op amps and other sec- 
tions of the MC3419-1. To activate the bias currents, the 
control 
circuit compares the current through 
the sense 
resistors, 
RR and RT' and the load resistance RL with 
the current through the hook status threshold 
program- 


ming resistor, RH' by using outputs from both Al 
and 
A2 mirrors, The A 1 mirror output sources current to the 
RH resistor. 
(This reduces all internal currents to near 
zero during the on-hook state in order to eliminate 
un- 
necessary power consumption.) 
If this current 
is large 
enough the voltage on the HST pin will trip an internal 
comparator, 
then another circuit compares the current 
from 
the A 1 output 
with that of an A2 output. 
These 
currents 
must match within 
:t 15%. If so, HSO will 
be 
activated and the bias circuits will turn on provided the 
voltage on PO, is greater than - 1.2 V. The HSO pin can 
have either 
a pull-up 
resistor 
or a pull-down 
resistor 
and when activated 
it will switch to VCC (0 volts). 
Once the MC3419-1 is powered 
up, a circuit with 
a 
gain of 20 feeds current to the RH resistor in order to 
keep the bias circuitry 
active. (The sense resistors are 
paralleled with the Darlington transistors which reduces 


Hook 


Status 
Output 


T,p 
Sense 


Ring 
Sense 


the sense input currents.) 
Should the sense input cur- 
rents drop below one-twentieth 
of the required power- 


up current, 
the bias currents will 
be removed, 
forcing 
a power-down 
condition. 
Current 
mode analog 
signal 
processing 
is critically 
dependent 
on voltage 
to 
current 
conversion 
at the 
2-wire 
and 4-wire 
inputs. 
Precise, low-noise 
voltage 
sensing 
through 
resistors 
RT' RR and RRX requires 
quiet, low impedance terminations 
at terminals TSI, RS' 
and RXI respectively. 
For 2-wire signals, terminal 
VaB 


isolates the loop-sensing 
resistors and current mirrors 
from 
noise at the high-current 
VEE terminal. 
External 
filtering 
from 
VCC to VaB 
("quiet 
battery" 
terminal) 
ensures loop voltages 
are sensed without 
interference 
from system supply noise. VEE noise rejection at audio 
frequencies 
is typically 
60 dB or greater. 


Receive input terminal 
RXI is referenced to the VAG 
terminal 
which 
references 
the 
4-wire 
input 
to 
the 


"analog ground" 
of the 4-wire signal source, thus isolat- 
ing the input 
from 
power 
ground 
voltage 
transients. 


This isolation 
offers 70 dB of noise rejection 
at audio 
frequencies. 


Kl - 
The current 
gain from 
'TSI + 'RSI to TXO only 
during 
an off-hook 
power-up 
condition. 
K1 = 
1.02 :t 


1%. 


K2 - 
The current gain from RXI to the collectors of the 
off-chip 
Darlington 
transistors 
only during an off-hook 
power-up 
condition. 
K2 = 95 :t 1%. 


For simplicity, 
the following 
equations 
do not use K1 
or K2. Instead the actual numerical 
value is used, for 


instance (1 + K1K21 = 1 + 1.02 x 95 = 97.9 is approx- 
imately 98. 


RL- 
Loop resistance. This is a load resistance from Tip 


to Ring and can be either ac or dc depending 
on context. 
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ZL - 
Loop impedance. 
This is used only to connote 
a 
complex 
impedance 
loading 
on Tip and Ring. 


IL - 
Loop current. The dc current flow through 
RL. 


RF - 
Dc feed resistance. 
The synthesized 
resistance 
from which 
battery 
(VCC and VEE) current is fed to RL. 


The battery feed resistance is balanced differential 
feed. 


See Figure 7. (This assumes Vas 
= VEE.) The first order 
equation 
is: 


ignoring 
the effects of RL 


R 
_ 
IVasllRR 
+ RT + 1200m 


F - 
98 llVasl 
- 4.0 V) 


R 
~ 
R 
~ 49RF IIVasl - 4.0 VI 
_ 600 
141 
R 
T 
IVasl 


The minimum 
value for RR and RT is 5.0 kll. 


The first order value of RF can not be greater than the 
desired 
value 
of the termination 
impedance 
(usually 
6000 
or 900 0). To achieve dc feed resistances that are 
greater, a resistor can be placed between VaB and VEE 
along 
with 
a filter 
capacitor 
COB which 
restores 
the 
desired termination 
impedance and filters power supply 
noise. A diode should also be placed between VaB and 
VEE to prevent 
damage 
in case a catastrophic 
power 
supply failure 
occurs. 


R 
_ 
RR + RT + 12000 
(1) 
F - 
98 


Because of the diode voltage drops on TSI and RSI, the 
actual dc feed resistance 
is higher. 
The second order 
equation 
is: 


IVasl198 
RL + RR + RT + 120001 
(2) 


RF = 
98 (IiVasl 
- 4.0 V) 
- 
RL 


II 


•• 


IVOB - 
This is the current that is sourced from the VOB 
pin and is proportional 
to the currents 
into and out of 
RSI and TSI. When the SUC is in the off-hook power-up 
mode, IVOB is also proportional 
to IL. 


IVOB = 2.151RSI 
+ 0.7 ITSI 


IVOB 
~ 0.029 
IL 


RFO - 
Dc feed resistance. The synthesized 
resistance 
from which 
battery current 
is fed to RL' see Figure 8. 
(This assumes 
VOB is tied to VEE through 
a resistor 
ROB·) ROB synthesizes additional 
dc feed resistance to 
the RF value previously 
stated. 


When using ROB, the dc feed is effectively 
balance fed 
from VCC and VOB instead of VEE. The sense resistors 
(RR and RT) should be selected to make RF (first orderl 
less than the termination 
impedance. 


IVEEI198RL 
+ RR + RT + 1200 + 2.85ROB) 


RFQ ~ 
981lVEEI 
_ 4.0 V) 
- 
RL 


(71 
Ignoring 
RL' this simplifies 
to: 


IVEEIIRR 
+ RT + 1200 + 2.85ROBI 


RFQ 
~ 
981lVEEI 
- 4.0 VI 


Therefore: 


98RFQlIVEEI 
- 4.0 V) - 
IVEEIIRR 
+ RT + '200 
m 
ROB = 
2.851VEEI 


191 


COB - 
Power supply 
noise filter capacitor. 


2.85 ROB + RR + RT + 1200 n 
(10) 
COB 
~ 
21ff ROB (RR + RT + 1200 m 


Figure 9B shows ROB replaced with a current regulating 
device such as Motorola's 
1N5283 family. 


ICROB - 
The current that is sourced to a current 
reg- 
ulating 
device 
from 
the VOB pin. When this 
current 
reaches the regulated value, the voltage differential 
be- 
tween VEE and VOB increases causing the effective bat- 
tery voltage to decrease which 
limits IL to a maximum 
value as determined 
below: 


IL = 34.5ICROB 
Ill) 


The graph, Figure 9B, shows loop current versus loop 
resistance using several values of ICROB. The closest 
current 
regulating 
diode 
part number 
to that value is 
also shown. A typical 
value for COB in this case is 10 
I'F, 60 Vdc. 


Figure 10 shows 
how 
power 
can be conserved 
on 
the shorter 
loop 
lengths 
by utilizing 
current 
limiting 
techniques. 
Overvoltage 
protection 
on the 2-wire port is achieved 
with the MDA220 diode 
bridge 
and the protection 
re- 
sistors 
RpR and RpT. Whenever 
the voltage 
on the 
2-wire port exceeds the power 
supply 
rails (VCC and 
VEEI, the MDA220 diodes will forward 
bias and "clamp" 


to the rail voltage. The current is limited 
by the protec- 


.....•.... 


•.•..... 


Standard 400 n Battery Feed 
II'" 


50 mA Curre~t, limit "r'\ 
- 
30 mA CurrenrU:r-- 


I I 
I 
II 


II IIII 


.•.•..•..... 


I-- 


fO 


~ 
5.0 
zo 
~ 
4.0 


v;a 3.0 


<XC~ 
~ 
2.0 


.P 


1.0 


tion resistors. These resistors should be as large in value 
as possible. 
However, 
if they are too large, they will 
interfere with the performance 
of the SUC under worst 
case conditions. 


RPT< 
RT/196 
-15 
(12) 


Using the voltage of VOB when IL is at its minimum 
off- 
hook value (Typ. 20 mAl: 


RpR < 
RR/196 
+ 251vEE 
- 
VOBI 
-15 
(13) 


The tolerance 
of these resistors is not critical due to 
placement 
inside a closed 
loop. Positive temperature 
co-efficient 
resistors 
(PTC) may 
be considered 
here. 


Consult 
resistor 
manufacturers 
for component 
selec- 
tions that will meet the surge current and peak voltage 
requirements. 


Because the MC3419-1 is a broadband 
device it re- 


quires compensation 
components 
to keep its circuits 
stable. 


CR & CT - 
Compensates 
the longitudinal 
gain of the 
A and the B circuit 
mirrors. 
Their values 
range from 
2000 pF to 5000 pF. 


RC & Cc - 
Compensates the longitudinal 
"c" 
circuitry. 


Their values can be ratioed according 
to: 


Two off-chip 
power 
Darlington 
transistors 
are used 
with the MC3419-1. These transistors 
reduce any tem- 


perature gradiant problems with the precision matched 
devices on-chip 
and they alleviate thermal 
stress con- 


ditions that could occur for every on-hook and off-hook 
transition. 
The power dissipation 
in these devices is: 


PQT = IL21RT/98 
- 
RpT 
- 
41 + 12.0 V)lL 
1151 


PaR 
~ 
IL IIVEEI 
- 
2 - 
ILlRT198 
+ RL + RpR + 16)) 
(16) 


where 
IL = 
IVEEI/RFO or 
IL(max) 
in current 
limited 
designs. 


RH - 
The 
resistor 
that 
determines 
the 
hook 
status 
threshold 
values 
of RL. RH is selected 
from 
a graph 
of 


the following 
two 
equations: 


Off-hook 
threshold 


RH ~ 61RL + RR + RTI 
1171 


On-hook 
threshold 


RH ~ 27.25 [RL + 0.011RR + RTJI 
1181 


14 
13 
12 


11 
_ 
10 


~ 
9.0 
t; 8.0 
in 
7.0 


~ 
6.0 
85.0 
~ 
4.0 


'" 
3.0 


2.0 
1.0 
o 
200 
220 
240 
260 
280 
300 
320 
340 


RH. HOOK STATUS 
THRESHOLO 
RESISTANCE 
Iklll 


Figure 
11 shows 
such a graph 
using 
17.4 kn as the 
values 
for RR and RT. Note the oscillatory 
condition 
to 


the right 
of the crossing 
point. 
Selection 
of RH in this 


region 
is usually 
not a problem 
since the 
majority 
of 


telephone 
lines do not fall into this resistance 
range. RH 
always 
ties to Vas 
and HST and will 
give reliable 
hook 


status information 
regardless 
of power 
supply 
voltages 
and POI. 


RO - 
Termination 
impedance 
of the 2-wire 
port. This 
impedance 
is greater 
than 
the 
dc feed 
resistance 
RF 
because 
of a current 
splitting 
network 
in the feedback 
loop, RTXl 
and RTX2. 


K3 - 
A constant, 
formed 
by RTXl 
and RTX2, between 
o and 
1, which 
determines 
the 
ratio 
of the first 
order 
value of RF'to RO. 


R 
_ RR + RT + 1200ll 
1191 
o - 
1 + 97K3 


RR + RT + 1200ll 
-- RO 
K3 ~ 
97RO 


K3 = 
RTX2 + lin 
RTXl 
+ RTX2 + lin 
lin - 
The input 
impedance 
of the current 
to voltage 
converter 
op amp. This impedance 
is usually 
negligible, 
it can be used to sway the selection 
of a 1% component 


value. 


IRR + RT + 1200 III GTX _ RVTX 
1221 


lin 
~ 
102011 - 
K31 
- 
1000 


RTXl 
- 
Feeds most 
of the TXO dc current 
to the RXI 


pin. To keep TXO from 
saturation 
the maximum 
value 


of RTXl 
is as follows: 


IRR + RT + 1200 HlIIVOBlmin 
- IVAGlmax - 6.5 VI 


RTXl < 
IVOBlmin - 5.4 V 


(231 


. 
IRR + RT + 1200 HlIIVEElmin 
-41 


IVOBlmln = 
IRR + RT + 1200 II + 2.8 ROBI 


or if a current 
regulator 
diode 
is used: 


RTXl < 0.01 ILlmax) (RR + RT + 600 n) - IVAGlmax - 3.9 V 


0.01 ILlmaxl 
1251 


It is beneficial 
to make RTX 1 as large as possible. 
Typical 
values 
range from 
15 k to 24 kn. 


K3 RTX1 
RTX2 ~ --,---::-j(J - lin 
1261 


RR + RT + 1200 II 
CTX = 
7RTX2 
The result is in I-'F. 


GTX - 
The voltage 
gain from 
the 2-wire 
port 
to VTX 


which 
is adjustable 
by RVTX. 


<.i 
_ 
1.02 (1 - 
K31RVTX 
TX - 
RR + RT + 1200 II 


R 
_ GTX(RR + RT + 1200 III 
1291 


VTX - 
1.02 (1 - 
K31 


GRX - 
The voltage 
gain from 
the VRX input 
to the 2- 


wire 
port which 
is adjustable 
by RRX. 


G 
_ 
-95 
RL IRR + RT + 1200 HI 


RX - 
RRX [(RR + RT + 1200 HI + RLll 
+ 97K31J 
(301 


G 
_ 
-95RLRO 
RX - 
RRXIRL + RO) 


R 
_ 
95 RL RO 
RX - 
GRxlRL + ROI 


C 
> RRX + RB 
1331 


RX 
2" f RRXRB 


Where 
f is the minimum 
passband 
frequency, 
usually 


200 Hz. 


Transhybrid 
Rejection 
- 
The voltage 
gain from 
VRX to 


VTX. It is expressed 
in dB, the number 
should 
be neg- 


ative 
and the larger 
the value 
the 
better. 
Transhybrid 


rejection 
is achieved 
by summing 
a current 
from 
the 


VRX input 
(RS) with 
the TXO current 
that flows 
to the 


current 
to voltage 
converter. 
RB balances 
a resistive 


load, RL. 


R 
_ RRX(1 + 97K311RO + RLI 


B - 
97RL 11-K31 


II 


II 


When the 2-wire 
port has a parallei 
Rand 
C load, Ihen 
(see Figure 
12): 


R 
_ 
RRX(RR 
+ Rr 
+ 1200 (l) 
bl 
- 
97RL 11 - 
K3) 


RRXIRR 
+ Rr 
+ 1200 (l) 
Rb2 = 
97ROl1 
- 
K3) 


C 
_ 
RLCL 
b - 
Rb2 


r ---, 
i 
RB' 
: 
I 
I 


: 
ZSL: 
I 
I 
I 
I 
I 
RB~ 
I 
L.: 
...J 


To scale Zb 10 its maximum 
values 


R 
- 
R 
_ 
RRX (1 + 97K3) 
(35) 
bl 
- 
b2 
- 
194 (1 - 
K3) 


Zb = 
RbllZLl 
(36) 
2RO 


ances 
using 
component 
values 
lhat 
are equal 
to the 
load values 
(see Figure 
13) then: 


R 
_ RRX(1 + 97K3) 
b1 - 
19411 - 
K3) 


[ 
RRX(1 
+ 97K3)1 
RORRXII 
+ 97K3) 
(40) 
+ 
194(1 
- 
K3) J 
97(1 
- 
K3) 


RRX(1 
+ 97K3) 
Rb2 = 
97(1 
_ 
K3) 
- RbI 
(41) 


Zb = ZL 


RbI and Rb2 values 
are inlerchangeable. 


The Tip and Ring Sense Output currents are propor- 
tional 
to the 
currents 
out 
of 
and into 
TSI and 
RSI, 
respectively. 


_ 
IVrip 
- 
VccI 
-2.0 
V 
. 
< 


Irso 
- 
6 IRr 
+ 
600 m 
for Vr,p 
VCC 
145) 


I 
_ 
IVRing 
- 
Vaal 
- 2.0 V 
. 
> 


RSO 
- 
6(RR 
+ 
600 m 
for VRlng 
Vaa 
(461 


Digital 
interfacing 
to the MC3419-1 POI pin and the 
HSO pin is shown in Figures 14a, 14b and 14c.lfthe 
POI 
pin is not used it should 
be terminated 
to VCC and if 
HSO is not used, it can be left open. 


Figure 15 is an application 
circuit showing 
solid state 
ringing 
insertion 
using an MOC3030 zero-crossing 
de- 
tector 
optocoupled 
triac 
to 
replace 
the conventional 
electromechanical 
relay. This device inserts the ringing 
signal on a zero voltage crossing which eliminates 
noise 
in adjacent cable pairs and removes the signal on a zero 
current 
crossing 
which 
eliminates 
inductive 
voltage 
spikes that commonly 
destroy relay contacts. The ring- 


ing generator provides a continuous 
40 V to 120 V RMS 
signal 
from 
15 
to 
66 
Hz 
superimposed 
upon 


-48 
Vdc. Ringing cadencing 
is inserted with the Ring 
Enable Input. 
The 2N6558 and MPSA42 
replace 
the 
MJE270 for systems that use ringing generator voltages 
greater than 70 VRMS' The MDA220 diode 
bridge 
is 
replaced with 
a series 1N4007 on the Tip lead and a 
shunting 
1N4004 to VEE and to allow 
ringing 
voltage 
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on the Ring lead to exceed the power 
supply 
voltages, 
a 1N4007 and an MK1V-135 
ISidac) 
are used for pro- 
tection. 
The forward 
voltage 
drop 
across 
the 
1N4007, 
during 
normal 
operation, 
will 
not affect the parametric 
characteristics 
of the 
MC3419-1 
since 
it is "inside" 
a 
feedback 
circuit. 
If the MJE270 
is used, the MK1V-135 
should 
be 
replaced 
with 
a 
lower 
voltage 
Sidac 
or 
MoSorb 
transient 
suppressor. 


An optocoupled 
transistor 
circuit 
is used for ring trip 
detection 
on long 
lines. 
It samples 
only 
the ac and dc 
ringing 
signal 
clfrrent 
and uses a simple 
one pole filter 
to eliminate 
the low 
level ac signal. 
Under 
worst 
case 
conditions 
this circuit 
will 
ring trip 
in 1V, to 4 cycles. 
In 
systems 
serving 
only 
short 
loops 
1<700 n). if RG1 and 
RG2 are 620 n or greater, 
the optotransistor 
circuit 
is 
not needed, 
the Hook Status 
Output 
will 
perform 
ring 
trip on a Zero Crossing. 
The Ring Enable 
input 
and the 


Hook Status Output 
interface 
with 
standard 
CMOS and 
TTL logic. 


The op amp 
in this 
circuit 
is an integral 
part of the 
following 
codecs, 
filters 
or combos: 


MC3417/8 - 
MC145414 
MC14404/617 - 
MC14413/4 
MC14401/2/3/5 


For further 
applications 
information 
such as: 


- 
24 volt 
PBX circuit 
- 
2-wire 
differential 
to 2-wire 
unbalanced 
SUC 
- 
Constant 
current 
battery 
feed 
- 
Per line ringing 
cadencing 
circuit 
- 
Message 
waiting 
lamp 
- 
Transfer 
button 
detection 
- 
etc. 


Please contact 
your 
local Motorola 
sales office. 


Speclflcltion. 
Off-Hook 
- 
<25000 
VLogic 
- 
+5,0 V 
RF 
- 
2000 
RO 
-6000 
On-Hook 
- 
>10 kO 
VEE 
- 
-42 to -56 
IL(max) 
- 
60 mA 
RX Gain 
- 
OdB 
Volts 
200-3400 Hz 
Protection 
- 
1000V 
VRinging 
-140Vto120 
RLlmax) 
- 
19000 
TX Gain 
- 
OdB 
VRMS)+VEE 
200-3400 Hz 
Ringer 
Equivalent 
- 
5 


Plrt. 
U.t 


MPSA56 
RR 
9,09 k 
1% 
Matched 
MOC3030 
RTXl 
12,I k 
1% 


2N3905 
RT 
9,09 k 
1% 
if desired 
4N25 
RTS2 
5,76 k 
1% 


2N6558 
RpT 
470 
5% 
RRX 
28,7 k 
1% 


MPSA42 
RpR 
750 
5% 
RB 
28.0 k 
1% 


MJE271 
RGI 
6200 
5% 
RVTX 
28,6 k 
1% 


tN4007 
RG2 
1000 
5% 
CT 
O.OO4I'F 
MK1Vt35 
REI 
910 
5% 
CR 
O.OO4I'F 
lN4007 
RE2 
3.0 k 
5% 
Cc 
O,OOlI'F 
tN4007 
RRT 
20 k 
5% 
CRX 
1.0 I'F/20 V 
tN5303 
RC 
24 k 
5% 
CTX 
2,0 I'F/40 V 
tN4004 
RH 
127 k 1-3% 
CRT 
20 I'FI5.0 V 
MC34t9-t 
RHSO 
10 k 
5% 
COB 
to I'F/60 V 


SHORT 
LINES ON·PREMISE 
LINES 
SpeclflClltlon. 


RF 
500 0 
RX Glin 
-5.0 dB 
RL(mlx) 
700 0 
TX Glin 
o dB 
Ring Trip 
<50 m. 
VLogic 
+5.0 Volt. 
Ringer EQuivllent 
2.5 
VEE 
-20 to -56 Volt. 
RO 
6000 
VRinging 
(40 V to 70 VRMS)+ VEE 


Plrto Lilt 


MJE27t 
RR 
19.6 k 
,% 
MOC3030 
RHSO 
10 k 
5% 
MJE270 
RT 
19.6 k 
1% 
RTXl 
t9.6 k 
1% 
MPSA58 
RGI 
6200 
5% 
CT 
O.004I'F 
RTX2 
42.2 k 
1% 
2N3905 
RG2 
6200 
5% 
CR 
O.OO4I'F 
RRX 
69.8 k 
1% 
tN4007 
REt 
910 
5% 
Cc 
O.OO4I'F 
RB 
301 k 
1% 
lN4007 
RE2 
3.0 k 
5% 
CRX 
O.t 
i'F 
RVTX 
127k 
1% 
MC3419C-t 
RH 
330 k 
5% 
CTX 
0.5 
I'F 
RC 
58k 
5% 


II 


II 


® MOTOROLA 


The MC6172 is a MOS subsystem designed to be integrated into a 
wide range of equipment 
utilizing serial data communication. 


The modulator provides the necessary modulation 
and control func- 
tions to implement a serial data communication 
link over a voice grade 
channel, utilizing differential 
phase shift keying lDKSPI 
at bit rates of 
1200 or 2400 bps. Phase options are provided for both the U.S. and in- 
ternational markets. The MC6172 can be implemented into a wide range 
of data handling systems, including stand-alone modems, data storage 
devices, remote data commuication 
terminals, 
and 1/0 
interfaces for 


counters. 
N-channel silicon-gate technology permits the MC6172 to operate us- 


ing a single voltage supply and be fully TTL compatible. 


The modulator 
is compatible 
with the MC6173 demodulator 
to pro- 


vide medium-speed data communications 
capability. 


• 
Clear-to-Send 
Delay Options 


• 
511-Bit CCITT Test Pattern 


• 
Terminal Interfaces are TTL Compatible 


• 
Compatible 
Functions for 201BI C Data Sets 


• 
CCITT and U.S. Phase Options 


• 
1200/2400 bps Operation 


• 
Answer- Back Tone 
• 
The MC6173 Is the Companion 
Demodulator 
• 
Application 
Note Available 
- 
AN-870 


Delaved 


CIea, 
Request 


10Send 
to Send 


• 
5 


18432 
MHz 
Clock 


'0 


RequesiiO 
Send 
7 


{ 


Cl$1 
3 
DelaVOPIIOOS 
(152 
2 


Test 
Paltern 
Enable 
6 


T'ansmot 
Data 


Data Rate 5e'e<;1 1 


Pt\ase Shih Slriecl I 


Answer 
Back 
14 
2285} 
"84 


20 83 
6·8., 


19 
82 
Data 
WOld 


18 Bl 


17 80 


18Xl 
Hz 
Camer 


Generatol 


(Formerly MC6862) 


2400 bps 
MODULATOR 


L SUFFIX 


CEROIP 
PACKAGE 


CASE 
623 


P SUFFIX 


PLASTIC 
PACKAGE 


CASE 
709 


Clk 


Ex elk 


Riling 
Symbol 
Value 
Unit 


Suppiy.Voltage 
. 
VCC 
-0.3 
to + 7.0 
V 


Input Voltage 
Vtn 
-0.3 
to +7.0 
V 


Operating 
Temperature 
Range 
TA 
TL to TH 
o to 70 
°c 


Storage 
Temperature 
Range 
Tsto 
-55 
to + 150 
°c 


ThiS device contains 
circuitry 
to protect 
the In- 


puts against damage 
due to high stalIC voltages 
or electric 
fields; however, 
it is adVised that nor- 


mal precautions 
be taken to avoid application 
of 
any voltage higher than maximum 
rated voltages 
to 
this 
high-impedance circuit. 
ReliabIlity 
of 


operation 
is enhanced 
if unused inputs are tIed to 
an appropriate 
logic voltage level (e.g .. either 


VSS or VCCI. 


Characteristic 
Svrnbol 
Value 
Unit 


Thermal 
Resistance 


Plastic 
Package 
6JA 
120 
°C/W 


Cerdip 
Package 
65 


The average chip-junction 
temperature, 
TJ, in °c can be obtained from: 


TJ=TA+(PO"8JA) 
III 


Where: 


TA-Ambient 
Temperature, °c 
8JA-Package 
Thermal Resistance, Junction-to-Ambient, 
°C/W 


Po - PINT + PPORT 
PINT-ICC 
x VCC, Watts 
- 
Chip Internal Power 


PPORT - Port Power Oissipation, Watts 
- 
User Oetermined 
For most applications 
PPORT<CPINT and can be neglected. 
PPORT may become significant 
if the device is configured 
to 
drive Oarlington bases or sink LEO loads. 


An approximate 
relationship 
between Po and TJ (if PPORT is neglected) is: 


Po = K + IT J + 273°C) 
(2) 


Solving equations 1 and 2 for K gives: 


K = PO"IT A + 273°C) +8JA"P02 
(3) 


Where K is a constant pertaining to the particular part. K can be determined from equation 3 by measuring Po lat equilibrium) 
for a known TA. Using this value of K the values of Po and TJ can be obtained by solving equations (1) and (2) iteratively for any 
value of TA. 


DC ELECTRICAL CHARACTERISTICS 
IVCC=5.0 
±0.25 
Vdc, 
VSS=O, 
TA~TL 
to TH, all outputs 
loaded as shown 
in Figure 
1 unless otherwise 
noted) 


Characteristic 
Symbol 
Min 
Typ 
Max 
Unit 


Input 
High Voltage 
VIH 
VSS+2.0 
- 
VCC 
V 


Input 
Low Voltage 
VIL 
VSS 
- 
VSS+0.8 
V 


Input 
Current 


1Vin=VSS) 
CTS 1, CTS2, PSS, DRS, Ari'1ik, and 'iXMK 
lin 
- 
- 
-0.2 
mA 
R'i'SandTPE 
- 
- 
-1.6 


Input 
Leakage 
Current 
1Vin = 5.25 V, VCC = VSSI 
IlL 
- 
- 
2.5 
pA 


Output 
High Voltage 


1I0H ~ - 0.04 mA, 
Load AI 
VOHI 
VSS + 2.4 
- 
VCC 
V 


1I0H=0.0 
mA, 
Load 81 
VOH2 
VCC-0.5 
V 
- 
VCC 


Output 
Low Voltage 
1I0L - 1.6 mA, 
Load AI 
VOL 
VSS 
- 
VSS +0.4 
V 


Input 
Capacitance 
If - 0.1 MHz, 
T A - 25°CI 
Cin 
- 
5.0 
- 
pF 


Internal 
Power 
Dissipation 
(Measured 
at TA- 
TLI 
Pint 
- 
210 
315 
mW 
IAII inputs 
at VSS except 
Pin 13=57.6 
kHz and ALL outputs 
open) 


Input 
Transition 
Times. 
All Inputs 
Except 
1.8432 MHz Input 
tr.tf 
- 
- 
1.0' 


IFrom 
10% to 90% points) 
ps 


Input 
Transition 
Times, 
1.8432 MHz Input 
IFrom 0.8 V to 2.0 V) 
tr,tf 
- 
- 
40 
ns 


Input 
Clock 
Duty 
Cycle, 
1.8432 MHz Input 
(Measured 
at 1.5 V levell 
D.C 
30 
- 
70 
% 


Tx Data Setup 
Time 
IFigure 
2) 
tsu 
35 
- 
- 
pS 


Tx Data Hold Time 
IFigure 
21 
th 
35 
- 
- 
pS 


Output 
Transition 
Times 
tr,tf 
- 
- 
5.0 
pS 


II 


II 


r- ---- 
-l 
I 
Vcc 


I 
i 
I 
MMD6150 


Rl=2.5kD 
I 


1 
VI 
or EqUlv. 


C _I 
I 


11 
I 


RL 
I 


I 


60k 
MMD7000 
I 
±1% 
or EQuiv. 


1 
I 


~,mulated 
T~o~ 
___ 
-3 
Note: 
Timing 
measurements 
are referenced 
to and from a low 


voltage 
of 0.8 volts and a hIgh voltage 
of 2.0 volts. 
unless 
otherwise 
noted. 


2.0 
3.0 
4.0 
5.0 


kHz 
B5 
Option 
A (CCITT) 
5lgnel$p«tr. 


B4 


B3 
DP$K 
S,gnal 
MC6172 
MC1406 
to LIne 
B2 
D/A 
Modulator 
Converter 


Bl 


BO 
Option 
8 {U.SJ 


Signet Sp.ctre 


0 


-10 


-20 


-30 


~Ol 


-50 


~ot 


0 
1.0 
2.0 
3.0 
4.0 
5.0 


kHz 


RS·232 


If 
Required 


il~~;'4-;Bi 


Transmit 
I 
", 
TK elk 
Clock 
----r---oc- 
-...I 


I 


Clear 
---l--oc: "," 


to Send 
I 
.J 
I 
r----.., 


Request 
I 
r.... 
I 
RTS 


tOSend~ 
•..• 
I 
L.. 


Transmit 
I 
,.... 
.... 


Data 
~,,"' 


~2~~~9J 


0 


-10 


-20 


dB 
-30 


~O 


-50 


Characteristic 
Symbol 
Min 
Typ 
Max 
Unit 


~ 
to DBC Delay 
lJ 
8 
~s 


DBC to ATS Delay 
t2 
45 
~s 


m-l5llTS 
Delay 
13 
35 
~s 


m-~Delay 
35 
CTS1 ~O, 
CTS2~ 
1 
0 
- 
~s 


CTS1 = 1, CTS2~0 
14" 
8.55 
- 
935 
ms 


CTS1 = 1, CTS2=' 
24.9 
- 
26.4 
ms 


CTS1-0, 
CTS2-0 
147.0 
- 
154.0 
ms 


m-DBC 
Delay 


CTS' 
=', 
CTS2~0 
- 
- 
35 
~s 
CTS1 = 1, CTS2~ 
1 
t5 
- 
- 
35 
CTS1 
0, CTS2 
0 
- 
- 
35 


ATS to CTS Low 
ts 
- 
1.60 
ms 


ATS Min Delay 
t7 
1.67 
ms 


DBC to OATS 
Delay 
ta 
35 
~s 


DBC Cycle Time 
tDBC 
833.28 
833.33 
833.37 
~s 


ATS-CTS 
delay options 
are selected 
by the CTS 1 and CTS2 in- 


puts, and are stated as time delay interval 14. An ATS 
input signal 


synchronized about point A will synchronize m with the positive 
transition of Dee 
IOibit Clock), Delay 14is measured with respect to 
the negative transition of m. 
m signals synchronized 
with 
the positive transition 
of DBe 


(point B), will result in the same CTS delay (14). For this case the 
negative transition of mis synchronized with the negative transi- 
tion of DBe 
with delay 14 measured with respect to the negative 


transition of ~. 


~ 
will go low within 13of the n~e 
transition of m. With 
the exception of the no~delay option, CTS will go low within 15 of 
the positive transition of DBC. following the 14 delay selected. This 
applies when m- is synchronized to Point A as shown. 


If m goes high and remains high c:20 IlS ~ithin 
time interv~ 
a reset of the internal m-m timer function will occur. 
If "'I1fS" 


goes high for less than 20 Ils, the circuit mayor 
may not respond to 


this momentary 
loss of the m signal. 


II 


II 


m 


-----'~. 
ORTS 
r 


A positive 
transition 
of RTS after 
CTS has become 
active 
can 
result 
in different 
functional 
characteristics 
of the CTS and OATS 
output 
signals. depending 
on the time duration 
that"RfS 
remains in- 


active. 


Under all conditions. 
CTS will go high within 
13 following 
a 
positive 
transition 
of AlS. 
If RTS 
goes high in the shaded 
region 
shown 
(Le., synchronized 
to the positive 
transition 
of OSC) and re- 


mains high beyond 
the time interval 
defined 
as 17. then ~ 
will 


go high within ta of the next n~tive 
transition of oBC. If m 
were 
to go low after t7, the mom 
delay times given in Figure4 will 
result. 


If ATS goes high in the shaded 
region 
shown, 
and then returns 
low within 
time 'ntervallE). 
the negative 
transition 
of CTS will follow 
within 35".s, and ~ 
will remain in the active or low state. 
Under 
these 
conditions, 
the 
normal m--rn 
delay 
times 
are 
not 
en- 


countered 
when 
"R"fS 
is reactivated. 
If m goes low for less than 
20 1'5. the circuit 
mayor 
may not respond 


GENERAL 


Figure 3 shows the modulator 
and its intra-connections. 
The data to be transmitted is presented in synchronous serial 
format 
to the modulator 
for conversion 
to OPSK signals 
used 
in 
transmission. 
The 
modulator 
output 
is digital; 


therefore, a Of A converter and a filter transform the signal to 
an analog form. 


The control functions provide four different Clear-to-Send 
delay 
options. 
An 
Answer-Back 
tone 
is 
available 
for 
automatic 
answering 
applications. 
The modulator 
has a 
built-in 
51I-bit 
pseudorandom 
pattern generator 
for use in 
system diagnostic tests. 


Request to Send (RTS) 


The RTS signal from the data terminal controls transmis- 
sion from the modulator. 
A low level on m activates the 
modulator 
data output. 
A constant 
mark, for synchroniza- 


tion, is sent during the m to ~ 
delay interval. Termina- 
tion of the transmission is accomplished 
by taking iITS high 
(see Figures 4 and 51. 


Delayed Request to Send (DRTS) 


This 
output 
can 
be 
used 
to 
control 
transmission 
as 
specified by the Transmit Mark control input. ~ 
follows 


the negative transition of iITS, and goes negative within 
t3 
of the negative transition of RTS (Figure 41. The delay from a 
pOSitive transition of mto a positive transition of ~ 
is 
shown in Figure 5. The ~ 
delay allows data within 
the 
modulator to be transmitted 
before transmission is inhibited. 


Clear to Send (CTS) 


CTS follows RTS to both the logic 0 and logic I levels. The 
delay from a negative transition 
of ~ 
to a negative ill 
transition 
is selectable by external strapping 
of CTS 1 and 
CTS2. 
The delay from 
a positive 
transition 
of RTS to a 
positive CTS transition 
is less than 14. 


CTS will go low within t5 after the positive transition of the 
Oibit Clock (see Figure 4) except when the non-delay option 
is selected. For the no-delay option, CTS follows mwithin 
t5· 


RTS-CTS Delay Options (CTS1, CTS2) 


The 
RTS-CTS 
delays are selectable 
according 
to 
the 
following 
strapping options 


m-mDelay 
CTSI 
CTS2 
0.0+0.035 ms, -0.0 ms 
0 
1 
8.55 to 9.35 ms 
1 
0 
24.90to 26.4 ms 
1 
1 
147.0to 154.0ms 
0 
0 


Transmit 
Mark (Tx Mk) 


The Transmit Mark control allows the system designer to 
select whether the Delayed Request to Send activitates and 
deactivates the transmission on the modulator chip or off the 
chip in the output 
amplifier. 


When 
Tx Mk is high, transmission 
IS controlled 
on the 
modulator 
chip, and occurs from the chip only when DRTS 
or Answer Back is in the logic 0 state (see Figure 61. 
When 
Tx Mk is low, 
transmission 
is controlled 
off 
the 
modulator 
chip. In this mode, the modulator 
chip transmits 
marks at all times except when data or an Answer-Back 
tone 
is being transmilled 
(see Figure 61. 


Test Pattern Enable (TPE) 


A 
511-bit 
test 
pallern 
generator 
is contained 
on 
the 
modulator 
chip. 
This 
pallern 
is in accord 
with 
CCITT 
specification 
V52. 


....l!'e 
511-bit test pallern is activated by applying a logic 0 to 
TPE. A mark (logic 11condition 
on the Transmit Data input 
with m activated (logic Q) causes the test pallern to appear 
at the data output. 
A space (logic 01 condition 
on Tx Data 
with iI5tactivated causes the test pallern data to appear in- 
verted at the data output. 
Although 
the Motorola 
2400 bps modulator 
contains 
a 
CCITT 511 test pallern generator it does not incorporate the 
511 data randomizer or scrambler. 


Random 
data applied 
to 
Tx 
Data with 
TPE activated 
causes the test 
pallern 
data 
to be scrambled 
(exclusive 
NORedl with 
the data, and the result appears at the data 
output. 


The 
MC6173 demodulator 
does contain 
a built-in 
data 
descrambler, which is enabled byTPEinput 
going active. To 
scramble data using the modulator, 
the circuit 
in Figure 7 
must precede the Tx Data input of the modulator. 
Tx Data is 
added to the scrambler 
output 
pallern 
Then the data is 
delayed by a full data bit before being transmilled 
by the 
modem. 
This 
assures 
a proper 
Transmit 
DatalT ransmit 
Clock phase relationship. 
If the data scrambler is to be an optional feature, then the 
transmit data multiplexer would also have to be built. This is 


selected by the Test Pallern Enable signal or any other signal 
that is found suitable. 


The scrambling 
of data in the data comm enVIConment is 
not done in an allempt 
to encrypt information 
in the normal 
sense of the word. Rather, the purpose of the scrambling of 
data is to guarantee that with respect to the modem carrier, 
there is always random data on the line with lillie chance for 
a long string of ones or zeros to exist. This is particularly im- 
portant if an adaptive equalizer ISbeing incorporated 
at the 
demodulator. 
The adaptive equalizer will require reasonably 
evenly distributed 
data to optimize ItS statistical response to 
the incoming 
signal. The normally used code IS the CCITT 
511 sequence which is exclusive ORed with data. 


The test pattern generator can be enabled only when CTS 
and RTS are logic O. If TPE is activated outside this time in- 
terval, 
the 
previously 
stated 
RTS-m 
and 
RTS-DRTS 
delays, shown in Figures 4 and 5, are not valid . 


Data-Rate Select (ORS) 


The modulator can transmit at either 2400 bps or 1200 bps. 
Both data rates utilize an 1800 Hz carrier signal and employ 
phase shifting at 1200 Hz. The 2400 bps rate is obtained by 
encoding two bits of data into each phase shift. The 2400 Hz 
rate is selected by applying a logic 1 to the Data- Rate Select 
lead. The 1200 Hz rate is selected by applying a logic 0 to 
DRS. 


Phase-Shift Select (PSS) 


Option A (CCITTI or Option B (U.S.I 
phase shift can be 
selected for 2400 bps operation. 
The input data format and 
phase shift relationship for these two options are as follows: 


pss=o 
PSS~l 
0818 
Option 
A· 
Option 
B 
00 
0' 
+450 


01 
+90' 
+ 135° 
11 
+ 180° 
+225' 
10 
+ 270' 
+315' 


I 


I 
I 


No 
An 
Bk 
No 
No 
Signal 
Signal 
Signal 
Marl< 
Data 
Signal 


An 
Bk 


Mark 
Signal 
Mark 
Mark 
0•.•• 
.....'k 


II 


Serial Data 
'101100) 
Data 
Phase ShIft 


"' 


O· 
Diblt 
00 
01 
00 
11 
01 
10 
00 
11 
180 
180· 
00· 
270· 
O· 
10 
270 


For 1200 bps operation, 
Option 
C ICCITTI or Option 
0 


IU.S.) 
phase shift can be selected: 


Transmit Data ITx Data) 


Transmit 
Data is the serial binary information 
presented 


for OPSK modulation. 
A high level represents a mark. For 
timing, 
see Transmit Clock IFigure 41. 


Transmit Clock ITx Clk) 


A 2400/1200 Hz Transmit Clock output is provided for the 
communication 
terminal. The Transmit Data signal is sampl- 
ed on the positive transition of Transmit Clock. The Transmit 
Data to Transmit Clock setup and hold time requirements are 
shown in the Electrical Characteristics Table and in Figure 2. 


Dibit Clock (DBC) 


A 1200 Hz Oibit Clock identifies 
the modulation 
timing. 


This signal goes negative less than 100P.sprior to the start of 
dibit modulation. 


PSS~O 
PSS~l 
Om 
Option C 
Option 0 


0 
+00· 
+450 


1 
+ 270· 
+ 225· 


Option 
C is selected by applying a logic 0 to the Phase 
Shift Select lead when the Data Rate Select lead is strapped 
for 1200 bps operation {logic 01. Option 0 is selected by ap- 
plying a logic 1 to PSS with ORS at logic O. The phase shifts 
shown are the difference in phase between the signal at the 
end of one dibit period and the new signal at the beginning 
of the next dibit. 


External Clock (Ex Clk) 


A 2400/1200 Hz clock signal applied to the External Clock 
lead causes Transmit Clock to be synchronized with Ex Clk. 
This input must have an accuracy within 
± 0.005%. 


When no transitions occur on this input, the internal clock 
provides the 2400/1200 Hz transmit timing signal. Fast syn- 
chronization 
of Tx Clk to Ex elk is not provided on the chip. 


When Ex elk is not used, it should be tied to either the logic 0 
or logic 1 state. 


1.8432 MHz (Clk) 
This input must be a square wave with rise and fall times 
of less than 40 ns and a 50 ± 20% duty cycle. The clock ac- 
curacy must be written 
±0.005%. 


An~erBack(An 
Bkl 
A logic 0 level applied to Answer Back causes a 2025 Hz 
carrier to be generated on the modulator 
chip instead of a 
phase shifted 1800 Hz carrier. A logic 1 level applied to An Bk 
enables the modulator 
to generate the normal phase shifted 
1800 Hz carrier signal, as shown in Figure 6. The time delay 


from a transition 
on An Bk to the appropriate 
signal at the 
modulator 
chip output 
is less than 2 ms. 


Activation 
of An Bk la logic Q) will disable all other opera- 
tion modes including the Tx Mk function, 
and will reset CTS 
to an inactive state along with the RTX-CTS internal timer. 
An Bk should therefore 
be activated only before initiating 
Ri'S or after loss of the ~ 
output signal. The combina- 
tion of a logic 0 on An Bk with a logic 0 on ill is not used in 
normal system operation, and hence is used as a reset input 
during device test. 


Digital Output (BG-B5) 


These outputs 
are designed 
to 
interface 
with 
a 6-bit 
digital-to-analog 
converter. 
The resultant signal out of the 
01 A is the differential phase shift keyed signal quantized at a 
14.4 kHz rate. A low-pass filter can then be used to smooth 
the data transitions. 
BO is the least-significant 
bit, and the 
positive level the active state. 


Test Clock (TST) 


A test signal input is provided to decrease test time of the 
chip. In normal operation 
this input must be strapped low. II 


II 


® MOTOROLA 


MOS 
IN-CHANNEL. 
SILlCDN-GA 
TEl 


T·he MC6173 is a MOS subsystem deSigned to be integrated Into a 
wide range of equipment 
utilizing serial data communication. 


The demodulator 
provides the necessary demodulation 
and control 
functions 
to implement a serial data communication 
link over a voice 
grade channel, 
utilizing 
differential 
phase shift 
keying tDPSKJ at bit 


rates of 1200 or 2400 bps. Phase options are provided for both the U. S. 
and international markets. The MC6173 can be implemented into a wide 
range of data handling systems, including 
stand-alone 
modems, data 


storage devices, remote data communication 
terminals, and 1/0 inter- 


faces for counters. 


N-channel 
silicon gate technology 
permits the MC6173 to operate 


using a single voltage supply and be fully TTL compatible. 


The demodulator 
is compatible 
with 
the 
M6800 microcomputer 
family, and provides medium-speed data communications 
capability. 


2400 bps 


DEMODULATOR 


L SUFFIX 


CERDIP 
PACKAGE 


CASE 
623 
• 
Compatible with MC6172 Modulator 


• 
511-Bit CCITT V.52 Test Pattern 


• 
Terminal Interfaces Are TTL Compatible 


• 
Compatible 
Functions for 201B/C 
and V.26 Data Sets 


• 
CCITT and U.S. Phase Options 


• 
120012400 bps Operation 


P SUFFIX 


PLASTIC 
PACKAGE 


CASE 
700 


PIN ASSIGNMENT 


VSS 
DRS 


FCar 
RDI 


~ 


DCD 
TStr 
~ 
90° 
Eye 
DBC 
u 
0 
E 
0° Eye 
Rx Clk 
Q>0 
ADC 
~ 
CCor 
0- 
~ 
.c 
0° Car 
m 


~ 


-0 


~ 
u« 
ADS 
PSS 
~ 


"" 
Q; 
~ 
Ax Data 
TEn 
RDI 
" 
E 
"- 
<0 
Rx Data 
Data 
:;; 


Env 
CarS 
u 
~ 
:;; 
Q; 
NSync 
Rx Clk 


(/) 
Clk 


VCC 
TClk 


Rating 
Symbol 
Value 
Unit 


Supply 
Voltage 
VCC 
-0.3 
to + 7.0 
V 


Input Voltage 
Vin 
-0.3 
to +7.0 
V 


Operating Temperature 
Range 
TA 
o to 70 
'c 


Storage Temperature 
Range 
Tsto 
- 55 to+ 
150 
'c 


Thermal 
Resistance 
8JA 
82.5 
'C/W 


This device contains circuitry to protect the 


inputs against 
damage 
due to high static volt- 


ages or electric 
fields; 
however. 
it is advised 


that normal precautions 
be taken to avoid ap- 


plication 
of any voltage 
higher than 
maxi- 


mum rated voltages to this high-impedance 


circuit. 
Reliability 
of operation 
is enhanced 
if 


unused 
inputs are tied to an appropriate 
logic 


voltage 
levelle.g., 
either 
VSS or VSSI. 


DC ELECTRICAL CHARACTERISTICS 
IVCC=5.0 
±0.25 
Vdc, 
VSS=O, 
TA= 
TL to TH 
all outputs loaded as shown in Figure 3 unless otherwise noted. 1 


Characteristic 
Symbol 
Min 
Typ 
Max 
Unit 


Input 
High Voltage 
VIH 
VSS+2.0 
- 
VCC 
V 


Input Low Voltage 
VIL 
VSS 
- 
VSS+0.8 
V 


Input Current 
IlL 
- 
- 
-0.2 
mA 


1Vin=VILI 
Pins 3,11,13,15,16,17,18,22,24 


Input Leakage Current 
lin 
- 
- 
25 
~A 
1Vin=5.25 
Vdc, VCC=VSS! 
Pins 2,10,14,23 


Output 
High Voltage 


IIOH = - 0.04 mA, 
Load AI 
VOHl 
VSS+2.4 
- 
VCC 
V 
1I0H = 0.0 mA, 
Load BI 
VOH2 
VCC-05 
V 
- 
VCC 


Output 
Low Voltage 


1I0L = 1.6 mA, 
Load AI 
VOL 
VSS 
- 
VSS+O.4 
V 


Input Capacitance 
Cin 
- 
5.C 
- 
pF 
1f~0.1 
MHz, 
TA=25'CI 


Internal Power Dissipation lmeasured at TA=TLI 
Pint 
- 
630 
mW 
IAI/lnputs 
at VSS except 
P,n 13= 57.6 kHz and ALL Outputs 
Openl 


Input Transition Times. 1.8432 MHz Input 
tr 
- 
- 
40 
ns 
IFrom 0.8 V to 2.0 VI 
tf 
- 
- 
40 


Input Transition Times. 


AI/Inputs 
Except 
1.6432 MHz Input 
(From 
10% to 90% 
Pointsl 
tr.1f 
- 
- 
1.0' 
~s 


Output TransitIon Times lFrom 10% to 90% 
Points) 
tr.t, 
- 
- 
50 
~s 


Input 
Clock Outy 
Cycle, 
1.6432 MHz Input 
IMeasured 
at 1.5 V levell 
OC 
30 
- 
70 
% 


Data Setup Time 
tDS 
770 
- 
- 
ns 


Rx Data Setup Time 
tsu 
35 
- 
- 
~s 


Data Hold Time 
thlD! 
0 
- 
- 
ns 


Rx Data Hold Time 
th 
35 
- 
- 
~s 


Data-Clamp 
Delay Time 


OptIon 1 
tDCDl 
5.7 
6 
6.3 
ns 
Option 
2 
tOC02 
4.135 
4.17 
4.205 
ms 
Option 3 
tOC03 
20.795 
2063 
20865 
ms 


Option 4 
tDC04 
104.135 
104.17 
104.205 
ms 


AID 
Clock 
to AID 
Strobe 
Delay Time 
tADCO 
106 
- 
1.11 
~s 


Envelope·to·Dibit 
Clock Delay Time 
tED 
140 
- 
220 
~s 


Clock 
Frecuency, 
± 0.005% 
fClk 
- 
1.6432 
- 
MHz 


AID 
Clock 
Cycle T,me IfClk/41 
tcyc 
- 
2.17 
- 
~s 


AI D Clock 
Pulse W,dth 
twlAOCI 
940 
1000 
1040 
ns 


AID 
Strobe 
Pulse W,dth 
twlADSI 
- 
10.65 
- 
ns 


New Sync Input Pulse Width 
tw 
INSynci 
064 
- 
- 
ms 


II 


II 


Data 
Rate 
Select 


24 


Clock 


14 


Carner 
19 
Correction 


Phase 
17 


Shift 


Select 


Rx Clock 


DIM Clock IOBCI 


0° Eye 


00° Eye 


,-----------, 


VCC 
I 
I 
I 
I 
I 
I 
I 
I 
~~E~~~~ 
I 
I 
VI 
I 


I 
I 
I 
RL 
I 
I 


60k 
± 1% 
MMD7000 I 
I 
or 
EQUIV 
- 
- 
I 
L:1;ulated ~C"Loa~_ 
=-__ 
---.J 


GENERAL 
DESCRIPTION 
The MC6173 Phase-Shift Key lPSK) Demodulator Serves 
as an integral part of a system to recover synchronous data 
from an 1800 Hz PSK modulated carner. Data rates of 1200 
and 2400 blts-per-second are available. In the case of 1200 
bps operatIOn, the MC6173 detects phase shifts of 0 to 180 
degrees to represent digital "Os" and "ls" 
When 2400 bps 


operations is desired, the MC6173 detects phase shifts of 0, 
90, 180, and 270 (option AI or 45, 135, 225, and 315 loption 
B) degrees to represent two bits of data called dibits. These 
phase shifts decode to 00, 01, 10, and 11, respectively. In 
either data rate, the 1800 Hz carrier IS modulated at a 1200 
rate 
Figure 1 shows the MC6173demodulator m a typical appli- 
calion. 
The band-pass filter, 
equalIZer, analog-to-digital 
lAID) converter, 1200Hz envelope filter, AGC amplifier, and 
1800 Hz carner detector are external to the MC6173. The 
band-pass filter passesroughly 300 Hz to 3000 Hz elimmating 
nOise,60 Hz and 120 Hz pickup, and harmonics of 1800 Hz. 
The output of thiS filter ISfed to the equalizer which adlusts 
phase versus amplitude such that a constant amplitude is 
mamtained regardless of phase and IS fed into the carner 
detect circuit. The AGC amplifier provides a constant level 
signal regardless of the Input level from the equalizer. The 
output of the AGC amplifier drives two baSICsections of 


external 
circuitry, 
1.8., 
the 
AID 
converter, 
and 
1200 
Hz 


envelope filter. 


The AID converter samples each 1200Hz cycle or dibit 12 
times. After each sampie, digital data IS clocked serially to 
the 
MC6173 
receiver 
data 
input 
IRDIl. 
The 
MC6173 
generates the sampling clock for AD Strobe lADS) and the 
serial clock IADC) from the 1.8432 MHz internal oscillator. 


The 1200 Hz envelope filter recovers the 1200 Hz compo- 


nent 
of 
the 
equalizer 
output 
during 
fast 
training 
and 
generates a 1200 Hz square wave. This square wave is con- 
nected to the envelope IEnvl input and is used for internal 


timing. 


The 
carrier 
detect 
CIrcUIt 
is used 
to signal 
the 
fast carrier 


IFCar! Input that a carner ISpresent. Immediately after FCai' 
has received a negative transition, the mternal phase-lock 
loop temporarily widens ItSband width so that it can quickly 
adJust the internal timing of the MC6173 with respect to the 
1200 Hz Env input Ithis is called fast Sync or fast tramingl. 
The timing adjustments are made so that each dibit can be 
sampleq at the most advantageous places. 


The internal circuitry digests the dibit samples and pro- 
duces the digital data IRx Datal along with the receive data 
clock IRx Clkl. These two signals are used to drive a serlal- 
to-parallel interface such as an MC6B52 Synchronous Serial 
Interface Adapter. 


FAST CARRIER (FCar), Pin 2 - 
A negative transition on 


this input will force a period of approximately 8.3 ms of fast 
training for both baud and carrier timing." 
Fast Sync or fast 


"The posllve transition of the 1200 Hz signal, present at the 
Env Input, provides a dlvlde-by-20 counter with every other 
clock. This will cause approximately 8.3 ms of fast training 
to the incoming signal at the demodulator 


training allows for large corrections to be made in the inter- 
nal timing of the demodulator. After the fast training period, 
the timing should be reasonably well adjusted. Small adJust- 
ments are made automatically to maintam proper phase rela- 
tionships internally after the fast-train period. 


The FCar input, which normally comes from the carner 


threshold detect circuits, must remain at a low level during 
the entire period of baud and carrier synchronization. 


A positive level on the FCar input will disable the baud and 


carrier 
correetion 
circuitry, 
Baud 
and 
carrier 
timing 
are then 


direct derivatives of the 1.8432 MHz clock as illustrated in 
Figure 4. 


The first positive edge of the envelope IEnvl input Will be 


totally asynchronous to the demodulator. This Will be ± Y, 
cycle of the 2400 clock 
(± 208 /'s). 
The nine follOWing 
positive edges will introduce added tolerance equal to nme 
times the offset of Env from the absolute 1200Hz (as defmed 
by the 1.8432 MHz ± 0.005% clock!. Thus. 


Max Fast Train Time= 4.17 ms+ 9 fEnv + 0.21 ms 


=4.38 ms+9/fEnv 


Min Fast Train Time =4.17 ms-0.21 
ms+9/fEnv 


= 3.96 ms+ 9/fEnv 


DATA-CLAMP DELAY (DCD), Pin 3 - 
Data-clamp delay 


enables the selection of one of four delays during which Rx 
Data is held to a logic-high condition. This delay is measured 
from the negative edge of FCar. The four options are avail- 
able at one pin through the use of the internal multlplexmg in 
the demodulator. Options 3 and 4 are available by demulti- 
plexing the dibit clock as demonstrated in Figure 5. The 
available delay options are listed in Table 1, these times will 
be approximate due to their direct relationship to the Env 
input during the first 8.3 ms. Also, these times are further 
dependent upon carrier offset. The delays given in Table 1 


assume 
no carrier 
offset 
and 
that 
Env 
is synchronous 
with 
the Tx Clk. Figure 4 is Illustrative of the timing and sequenc- 
ing of this CIrcuit. 


A scheme for programmmg the data-clamp delay IS il- 


lustrated in Figure 5. The DCD input may either be a con- 
stant high or low level which will produce options 1 and 2. If 
the input" A" is exclusive ORedwith the dibit clock options 3 
and 4 are produced at the same input pin. 


ENVELOPE (Env), Pin 10 - 
The envelope input comes 


from the 1200 Hz envelope detection circuitry. 
Envelope 


detection will normally consist of a 1200 Hz filter and a 


voltage 
comparator 
to 
generate 
an 
approximate 
limited 


square 
wave. 
This is normally 
derived 
from 
a constant 
mark 


signal sent by the modulator for Sync acquisition purposes. 


Each positive edge that is input to Env will reset both baud 


timing and the dibit clock to a logic "0" 
The optimum timing 
of the positive transition at the Env input will be tED prior to 
the falling edge of the dibit clock. Timing is illustrated in 
Figure 6. 


Envwill be effective in the training of baud timing and dibit 
clock only if FCar is in the active low state. 


Minimum pOSitivepulse width at the tnV is ~2.17 /,s. 


NEW-SYNC (NSync), Pin 11 - 
ThiSinput port is normally 


controlled by the business machine. If ~ 
is at an active 


low, then an active low pulse in excess of 0.84 ms on the 
NSync lead will put the demodulator 
into the fast-Sync 
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.Data Clamp Delay 


Input 
Low 
High 
High. 
DBC 
Low. 
DBC 


6ps 
417 ms 
2083 ms 
104.17 ms 


Option 
A 
C 
l5cr> 
Data-Clamp Delay 


1 
1 
0 
0 
6 pS 


2 
0 
0 
1 
4.17 ms±35ps 
3 
1 
DBC 
DBC 
20.83 mst 35 .s 
4 
0 
DBC 
~ 
104.17 mst 35 pS 


1I" 
Dlblt 
"I 


;'\ 
I 
I 


I 
I 
I 
I 


I 
I 


RectifIed 
Line 
Signal 


or fast-tra,n mode (these terms are synonymous). 


Activation 
of NSync allows large corrections 
to be made 
to both baud and carrier timing similar to initial activation of 
the FCar lead. These corrections WIll be appioed for approxi- 
mately 8.3 ms. The receiver must complete the 8.3 ms period 
of fast Sync before another NSync is recognized. 


CARRIER-SYNC (CarS), Pin 15 - 
When CarS IStaken to 
an active low, baud timing will be taken from the Env input. 
In addition, 
the slow carrier correction WIll be doubled In the 
2400 baud mode as defined by the data-rate select IDRS) 
and phase-sh,ft select (PSS) inputs. ITh,s is not the same as 
the fast training that 's incorporated when FCar or NSync are 
active, which is a changing of the bandwidth 
of the internal 
phase-lock loop IPLLI) 
This widening of the PLL band width 


will allow a faster search and lock on the 1800 Hz carrier. ThIS 
Camer-Sync mode will remaonactive as long as Cars is held 
in the active state. The normal application 
of this option 


would 
be to extend 
the training 
or Sync 
time under 
the mark 
,nput data condition 
that exceeds 8.3 ms. 


If FCar 's at a logic "'" 
inactive state, this input is ignored 
by the demodulator. 


AID CLOCK IADC). 
Pin 6 - 
Th,s output 
will allow, in a 
serial format, 
the SIXAID data bits plus sign onformation to 
be synchronously 
clocked into the demodulator. 
(See FIgure 
8) 


There are nine 1 /'s positive pulses occuring at a 460 kHz 


rate. The first pulse, along with ADS, is used to begin the 
AID 
conversion 
sequence. The next seven positive edges 
strobe 
data 
serially 
from 
the 
AID 
converter 
to 
the 


demodulator 
input (ROil enabiong the demodulator 
to pro- 
perly decode the AID data. 
This signal is also used to clock a and 90 degree eye data 
out of the demodulator. 
This ISdescribed in the Eye Pattern 
section. When TEn is low, ADC monitors check accumulator 
output 
(see TEn!. 


AID STROBE (ADS), 
Pin 8 - 
A positive goong, approxI- 


mately 11 /'S, pulse is used as an enable signal for a sample 
and hold circuit 
prior to the AID 
converter. 
The negative 
edge of this pulse is used to start the conversion 
process 
Pulse rate of this siqnal is 14.4 kHz which allows each d,blt to 
be sampled 12 times. (See Figure 7.1 When TEn is low, ADS 
monitors zero crossings (see TEnl 


RECEIVER DATA 
INPUT 
(ROil, 
Pin 23 
- 
The dIgital 
decode of the line signal magnitude, as sampled by the AID, 
is input to the demodulator 
at this port. The data format 's 
scaled binary. This s'gn bit occurs on the second AID clock, 
followed 
by SIXmagnitude 
bIts which begin WIth the most- 


signifIcant bIt as shown ,n FIgure 8. The data is strobed syn- 


II 


•• 


chronously with the positive edges at the ADC 


A logic one in the sign bit slot will represent a positive 
value 
The magnitude of the SIXdata bits Increases tram 


CXXXXJO to 111111with all ones always representing the most- 
positive value as illustrated below 


Sign 
MSB 
LSB 
Value 
, 
, 
, 
, 
t 
, 
, 
+63 
t 
0 
0 
0 
0 
0 
0 
0 
0 
t 
t 
1 
1 
t 
t 
-0 
0 
0 
0 
0 
0 
0 
0 
-63 


RECEIVEDATA OUTPUT (Rx Data). Pin 9 - 
This pin IS 
the demodulator output tor mark and space serial data Data 
IS synchronous 
with 
the receiver clock output 
with 
the 


positive gOing edge at the receiver clock occurring In the 
center at the data bit. A mark ISrepresented by a logic high 
1"1"1 level except tor the conditions described under PSS 
and m. 


The Rx Data output ISInhibited In a logic-high level when 
Fear ISin the Inactive high state The delay from the positive 
edge of ~ 
to the Inhibiting of data IS2 /'s. 


RECEIVE CLOCK (Rx Clk), Pin 20 - 
The receive clock 
output provides the 2400 Hz ± O.cXJ5% timing signal to the 
business machine tor sampling the demodulated received 


data marks and spaces IRx Datal Receiveclock ISpresent at 
the demodulator chip output at all times, ISnot clamped to 


an inactive 
state 
when 
the carner 
detected 
IS not presented 


on i'C8r; nor ISRx Clk clamped by any other combination at 
Inputs to the demodulator 


Timing 
corrections 
to the receIve cicek, that are generated 
Internally, are made follOWing~ 
gOing active As describ- 


ed 
In 
Fear. 
If CarS 
IS held 
active 
the 
receive 
clock 
1$ con- 


trnuously updated from dlblt Sync. 


The positive 
tranSition 
of the Receive 
Clock. 
which 
occurs 
In the middle at the data bit, should be used to strobe data 
from the demodulator, under normal operating conditions. 
When TPE scrambler/descrambler 
IS being Incorporated. 
then the negative edge at the Rx Clk Will occur In the center 
of the data bit 


Receive Clock Will be 2400 bps or 1200bps depending on 
the logic Input at the DRS Input. The Rx Clk edges described 
above apply to either 2400 bps or 1200 bps data rates 
Under m active, the Dlblt relation to Rx Clk does not 


change. See Figure 9 for relative timing of Rx Clk. DBC and 
Rx Data. 


Figure 10 depicts the requrrements at the demodulator 
If 
the data scrambler ISbeing Incorporated. The exclUSiveNor 
gating of m and Rx Clk would then maintain proper phas- 
ing of Rx Clk as It goes to the RS-232 drrver. This CIrCUit 
would be requrredSincethe positive edge at ReceiveClock IS 
a Data Communications Standard 
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DATA 
RATE SELECT (ORS). 
Pin 24 - 
The following 
levels are valid for either phase-shift select: 


Logic high equals 2400 bps. 
Logic low equals 1200 bps. 


The phase shifts shown are the difference in phase between 
the signal at the end of one dibit period and the new signal at 
the beginning of the next dibit. 


If the logic level inputs 
to PSS are EXORed with 
DBC 
Idibit c10ckl or DBC. then the test-pattern enable option may 
be selected and produce the compliment 
of normal data at 
Rx Data as explained in the TPE description. 
(See Figure 11.1 
PHASE-SHIFT 
SELECT 
(PSS). 
Pin 
17 
- 
Option 
A 
ICCITTI or option 
B (U.S. I phase shift can be selected for 


2400 bps operation. 
The input data format and phase shift 


relationship for these two options are as follows: 
TEST-PATTERN ENABLE (TPE). Pin 18 - 
Incorporated in 
the demodulator 
is the 511-bit test pattern shift register that 


is in accord with CCITT specification V52. This is the pattern 
that is generated by feedback from the 5th and 9th stages of 
a 9-bit shift register. 


When the TPE input is allowed to be pulled up internally. 


there is normal data flow through 
the receiver. When the 
nsr input is pulled low, the incoming data is passed through 
this self-synchronous 
decoder which will produce the inverse 


of the 511-bit CCITT V52 pattern. 
m works in coordination 
with 
PSS. If PSS is directly 


pulled high or low to represent option A or option B. then 
the presence of the 511-test pattern at the (RDIl input and 
TPE active will result in logic "1" 
condition 
at Rx Data out- 


put. If the DBC option is being utilized at the PSS input and 
TPE is active while the 511-bit test pattern is being received. 
the receiver data output will equal a logic "0". 
These options 


IFigure 11) are summarized in Table 2. 


PSS=O 
PSS=1 
Option A 
Option 8 
Data 
(Degrees) 
(Degrees) 


00 
0 
+45 
01 
+90 
+ 135 
" 
+ 180 
+ 225 


10 
+ 270 
+315 


For 1200 bps operation, option A (CCITTI or option B (U.S.I 
phase shift can be selected as follows: 


PSS=O 
PSS=l 
Option A 
Option B 
Data 
(Degrees) 
(Degrees) 


0 
+90 
+45 


1 
+ 270 
+225 
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This assumes the modulator 
IS sending the 511-bit test 
pattern with Ax Data being either a constant mark (logic "''') 
or space lIogic "0"1. If a logiC "0" is received In options 1 or 2 
or a logic "'" 
is received in options 3 or 4, then a transmis- 
sion error 
has occurred. 
The 
number 
of errors-per-unlt 
time 


IS a measure 
of the transmission 
line Quality. 


A feature of the above type of pattern detector IS that It 
Will be self-synchronizing. 
It should be pointed out that there 


will 
be 
at 
least 
two 
error 
counts 
each 
time 
an 
error 
IS 
detected. 


O.bll Clock 
TPE = a 
or TPE= 1 


If the m input is in the active state, It ISImportant to note 
that the Ax elk 
phase changes. 
The necessary circuit 
to 
regain proper phase is shown in Figure 10. 


A scheme for programming 
the phase-shift select is illus- 


trated in Figure 1'. The PSS input may either be a constant 
high or low level which Will produce options 1 and 2. If the in- 
put" A" ISexclUSive OAed with the diblt clock, options 3 and 
4 are produced at the same input pin. 


Note: Timing 
measurements 
are 
refer- 


enced 
to and from a low VOltage 
of 0.8 volts and a high VOltage of 
2.0 volts. unless otherWise noted. 


RXClk~ 


L 
RXData~ 


Phase 
Option TPE A 
C 
Option PSS 
Output Stete 


1 
0 
1 
0 
A 
0 
Ax Data Output - 1 


2 
0 
0 
0 
B 
1 
Ax Data Output - , 
3 
0 
1 DBC 
A 
DBC 
Ax Data Output - 0 


4 
0 
o DBC 
B 
DBC 
Ax Data Output - 0 


CLOCK 
(Clk), 
Pin 
14 - 
A 
1.8432 MHz 
signal 
input 


± 0.005% is required at this port. The clock requirements are 
the same as the modulator 
clock specifications. 
See Figure 
12 for a suggested clock circuit. 


The receive clock is generated by dividing down the 1.8432 
MHz. 
Since 
receive 
clock 
accuracy 
must 
be 
at 
least 


± 0.005%, 
the clock source must be of the same accuracy. 


TEST-CLOCK tTClkl. 
Pin 13 - 
This input is used for pro- 


duction testing of the demodulator 
device. In normal opera- 
tion this pin should be left open which will enable the internal 
pullup resistor. 


Pin 5 
Pin 4 


Pin 7 
P,n 19 


o Desree Eye 
90 Desree Eye 
a Degree 
Carrier 


Carrier 
Correction 


These test outputs 
are explained in the test enable ITEN) 
description 
below. 


TEST ENABLE (TEn), Pin 16; 0° Eye, Pin 5; 90° Eye, Pin 4; 
0° Car, Pin 7; CCor, Pin 19 - 
These pins allow the monitor- 


ing of ten internal points within the demodulator. 
A low level 


on 
TEn 
is 
normally 
associated 
with 
testing 
of 
the 


demodulator 
such as in a production 
test environment 
or in- 


coming testing. Activation 
of TEn affects internal timing. 


Output 
TEn 
Function 
ADS 
H 
See Description Under ADS 
Win 8) 


!Pin BI 
L 
Monitors Zero Crossings 
ADC 
H 
See Description Under ADC !Pin 6) 
!Pin 61 
L 
Monitors Check Accumulator 
Output 
o Desree 
H 
Monitors 0 Degree Eye 25 Complement 


Eye 
Information 
from 6 Tap Filter 
!Pin 5) 
L 
Monitors 0 Degree Eye 25 Complement 
Information 
from 12 Tap Filter 
90 Desree 
H 
Monitors 90 Degree Eye 25 Complement 
In- 


Eye 
formation from 12 Tap Filter 
IPin 4) 


DOCar 
H 
Monitors 0 Degree Carrier 
(Pin 71 
L 
Monitors Check Accumulator 
Compare Errors 
CCor 
H 
Monitors Carrier Correction Enable 


(Pin 191 
L 
Monitors Carrier Correction Direction 


DIBIT CLOCK (DBC), Pin 21 - 
This output 
is a 1200 Hz 
clock which is derived from incoming data envelope and pro- 
vides a dibit reference. This sign~1is representative of "data 
derived 
timing." 
When 
studying 
the 
quality 
of 
the 


demodulated 
signal, through 
the use of eye patterns, 
this 
output 
is 
necessary 
for 
proper 
synchronization 
of 
the 


oscilloscope. 


TEST STROBE tTStr), 
Pin 22 - 
This input 
is used to 
facilitate testing of the demodulator 
during the manufactur- 


ing process. It should be left unconnected which will result In 
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The Motorola 
2400 bps modulator 
contains 
a CCITT 
51'-bit 
test-pattern generator. It does not, however, Incor- 


porate the 511 data randomlZer or scrambler 
To scramble 
data uSing the MC6172 modulator, the CIrCUitIn Figure 10 
must precede the Tx Data Input of the modulator. Tx Data IS 
added to the scrambler output pattern; then, the data IS 
delayed by a full data bit before being transmitted by the 
modem. This assures a proper transmit-data/transmit-c1ock 
phase relationship. If the data scrambler ISto be an optional 
feature, then the transmit-data multiplexer would also have 
to be bUilt. ThiSISselected by the test-pattern enable Signal 
or any other signal that is found sUitable. 


The demodulator does contain a built-In data descrambler 


which ISenabled by the TPE Input gOing active The receive 
phaSing, with respect to data, changes when TPE goes ac- 
tive The exclusive NOR gating of TPEand Rx Clk, as shown 
In Figure 10 will maintain proper phase of Rx Clk. ThiS cir- 
CUitISrequired Sincethe clocking of data on a pOSItiveedge 


IS a data 
commUnications 
standard 


the Internal pullup resistor causing the high level on thiS Pin 
VSS Pin I = The most negative supply, typically ground 
VCC Pin 12= The most POSitivesupply, tYPically 5 volts 


The scrambling of data In the data communication en- 


vironment 
15not done 
In an attempt 
to encrypt 
mformatlon 
In 


the normal sense of the word. Rather, the purpose of the 
scrambling of data IS to guarantee that, With respect to the 


modem 
carrier, 
there 
IS always 
random 
data 
on the line With 
little chance for a long strtng of "ls" 
or "as" to eXist ThiSIS 


particularly 
Important 
If an adaptive 
equalizer 
IS bemg 
Incor- 


porated 
In the 
modem 
as the adaptive 
equalizer 
will require 


reasonably evenly dlstrtbuted data to optimIZe ItS statistical 
response to the incoming signal The normally used code IS 
the CCITT 511 sequence which IS EXORed With data 


When performing an evaluation of an 2400 bps modem, 


one 
common 
POint of companson 
IS the 
quality 
of the 
eye 


patterns produced by the demodulator 
The eye pattern may 


also be used as an indicator of the Incoming signal With 
respect to level and line perturbations 
Eye patterns are for 
test and evaluation only and are not used In the demodula- 


tion 
of the 
Incoming 
signal 
Timing Information ,n the Motorola 2400 bps demodulator 
ISdertved directly from the demodulated data signal ThiS IS 
referred to as data dertved timing 
The advantage of data 


Tx 
Clk 
(From 
RS-232 
Translatod 
Tx Data 
(From 
RS-232 
Translator) 


UI 
MC14006 
U2 MC14070 
U3 MC14069 
U4 MCI4011 
US MCt4013 


Tx Data 
Pin 9 
Modulator 


~------Data 
MUItIP(e'er------~ 


derived time is that it allows data to be sampled at optimum 
times. The demodulated 
signals, in differential 
phase-shift 
keying, take the form of "eye patterns" 
as shown in Figure 


14. The demodulator, 
in optimizing 
its performance 
for 


minimum 
error 
rates, 
strobes 
data 
at the point 
of maximum 


eye opening. 
The demodulator 
constantly examines the eye 
opening 
to assure that the data sample is being taken at 
exactly 
the optimum 
point. 
As a result of constantly 
ad- 


Justing timing control, 
correct sampling is maintained. 
This 
technique 
provides 
improvements 
in 
reception 
that 
are 


significant, 
especially 
in a poor 
communications 
media 
en- 


vironment. 


The circuit in Figure 16 is required to observe the eye pat- 


terns. This circuit was built using Motorola 
CMOS devices. 


The 0 and 90 degree eye data is strobed from pins 4 and 5, 
respectively, 
into the shift 
register by the A/D 
clock. 
The 


A/D 
strobe then latches the data sample into the "D" 
type 


storage devices. The output 
of the storage devices taken 
across the scaled resistors will then represent the appropriate 
value of the sample taken. To properly observe the actual 
eye patterns, 
it is necessary to Sync on dibit clock while 


observing the 0 to 90 degree eye data. Overlaying the two 
patterns produces a two-level digital-eye pattern from which 
the quality of the incoming signal may be judged. 


Figures 15 thru 17 show a typical receive/demodulator 
and 
transmit/modulator 
circuit, 
respectively. 
The transmit 
filter 
illustrated 
in Figure 17 limits the bandwidth 
of the signal to 


those frequencies allowed on a telephone line. The receive 
filter and equalizer in Figure 15 clean up and normalize the in- 
coming signal for the A/ D network, 
1200 Hz envelope detec- 


tor, and 1800 Hz carrier detector. 


O°Carner 
1800Hz 
I 
I 
I 
I 
I 
I 


OO°Carrier 
18CX) Hz 
I 
I 


I 
I 
I 
I 
I 
I 
J 
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DBC 1200Hz 
I 
I 
I 
I 
I 
I 
I 
I 
I 


Ax Clk 1200Hz 
~ 
I 
I 
I 
I 


I 
I 
I 
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Ax Clk 2400Hz 
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Spec'''es 
:I:1'lll Reslslol 
Bypassing 
1$ recommended 
", aUchIps 


All capacl'orS In m,crolatadS 
unless 
noted 
other 
•••••,se 


u9. Ull 
UIO 
UI2 


UIJ. 
14, 18 
19 


UI5 
UI. 
UI7 
U21,31 
01·05 


MlM4741 
NE571N 
IF)98N 
MlM311 
MCl4(X)7 
MC1~ 
MC14559 
M04'S 


1N914 


Quad 
Co-Amp 
114 P,nl- any 
74Hype 
ap-amp 
will 
do 
Compandor/Vanable 
Gain 116 Pint 


Sample/Hold 
18 P,nl 
Camparalar 
18 P,n) 


Oval 
Complemenlary 
Patr/lnverler 
114 
Pm! 


D/A 
116 
Pint 
SAR 116 P,nl 


Cp-Amp 
18 Pint 
Diodes 


Eye Pattern Generator (Optlonall 


AID 
Strobe 


U27. U28 
U29-U32 
U33. U34 
U35 
U36 


MC14015116 
Plnl 
MC14175116 
Plnl 
MC14049116 
Plnl 
MC14013 
114 P,nl 
MC14073 
114 Plnl 


S 
6 
U34 
-= 


5 


Rx 
Clk 


Rx Data 


Pin 8= GND. 
Pin 16= + 5 V 
Pin 8= GND. 
Pin 16= + 5 V 
Pln8=GND. 
Pin 1= +5V 
Pin 7= GND. 
Pin 14 = + 5 V 
Pin 7=GND. 
Pin 14= +5V 


~ 
~ 
~ 
fri 
9 
a: 
a: 
a: 
a: 
U29 


13 D3 
03 14 


12 D2 
Q2 10 


5 Dl 
Q1 
7 


4 DO 
QO 2 


R 


1 


9 
U31 


13 D3 
03 14 


12 
Q2 10 


5 
Q1 7 


4 DO 
QO 2 


R 
I 


II 


9 
~~~~ 


U30 


13 D3 
Q3 15 
12 
10 


5 
U27. 
7 


4DO 
Q02 


R 
I 
Resistors 
1± 1%) 
+5V 


9 


U32 


13 D3 
Q3 15 


12 
10 
5 
7 


4 DO 
QO 2 


R 
I 


+5V 


R50= R58=464 
k 


R51 = R59= 9.53 k 
R52= ROO= 19.1 k 
R53=R61=374 
k 
R54= R62= 75 k 
R56= R63= 150 k 
R58=R64=301 
k 
R57 = R65= 604 k 


TP12 
90· 
Eye Qut 


TP13 
O· 
Eye Out 


Tx 
Data 


Scramble 
Select 
1551 


-= 


+5V 
+5V 
52 
12 
9 
23 


~ CTS2 
Tx 
Tx 


u 
16 CT51 
Data Clk 


'" 
CL 
15 P5S 
.c 
~ 
u 
6 DRS 
~ 
ex: 
14~ 
~ 
VJ 
~ 
CL 
7 An Bk 
"3 


0 
"3 
8 RT5 
" 
CL 
0 
~ 
Tx Mk 
3::2 


0 
~ 


-= 
"' 
4 CT5 
u 


TP3 
::2 
TP4 
5 DRT5 


TP5 
24DBC 


V5S 


I 


-= 


1 8432 MHz 


C7 
C6 


15PFI 
1 


30 
PF 


51 
o---c: 
EXI 
Clk 


1 ~~ 
k 
+ Vrel 


R12 


2 4B k 


11 
12 
221MSBI5 
A1 
+Vref 
4 


21 
6 
Oul 


20 
7 
U3 


~~ 
~ 
MCI406 
14 


17 IL5BI 
10 A6 


VEE 


3 


I 


SCRAMBLER 
PARTS 


U22 
MC14006 
U23 
MC14070 
U24 
MCI4069 


U25 
MCl4011 
U26 
MC14013 


NOTE5 
1 
All Resistors 
± 1% 


All Capacitors 
± 5% 


Bypassing of power 
IS recommended 
at all chips 


T1 
15 a 600'600 {} telephone transformer 


TPI 


14Vp.p Full 5calel 


® MOTOROLA 


The MC14408 and the MC14409 aredevicesdesignedto convert 


a four bit binary input code to a number of serial output pulses 
corresponding to the value of the input code. 


The devices can be used in telephone pulse dialing applications 
when combined 
with 
their 
companion 
device, the 
MC14419 


(2·of-8 keypad-to-binary code converter). The devices have been 
partitioned 
to allow convenient addition 
of RAM memory and 


controls for repertoire dialing applications_ 
The MC14408 and MC14409 perform identical functions with 


the exception of the signal output 
at the ORO (Dial Rotating 


Output). 
In the MC14408, ORO remains high during continuous 
outpulsing of all digits and in the MC14409 ORO is low between 
eachdigit pulse burst, 


• 
On-Chip Oscillator 
• 
Diode Protection on All Inputs 


• 
Dialing of Numbers Up to 16 Digits Long 


• 
Memory Storage (FIFOI 
and Re-Dialing (single pin) of 
Last 
Telephone Number 
• 
Hold Interrupt Control for Additional 
Interdigit Delays (such as 
a Wait for Intermediate Dial Tonesl 
• 
Selectable Dialing Rate (10 pps or 20 ppsl 
• 
Selectable Interdigit Time (300 or 800 ms @10 pps; 


150 or 400 ms@20 pps) 


• 
Selectable Make-Break Ratio (61% or 67%) 


• 
Buffered Outputs Compatible with Discrete Transistor Driver 
Interface, One Low-power Schottky TTL Load or Two Low- 
power TTL Loads Over the Rated Temperature Range. 


• 
Low Power Dissipation - 
'DO (operating with oscillator) 


= 470 IJA typ@ VDD = 5.0 Vdc, fOsc = 16 kHz, 
CL = 50 pF 


Strobe 3 0-- 
ST 
elk 
Osc 


OPL 
40---. 
04 


5 


02 


01 
eRQ 
ID~RO 
HOL 
RED 
MBR 


1 


Hold 
9 


Call 
Request 
13 


Control 
Inputs 
Ae O.al 
10 


InWd,g •• T,me 14 


Make 
Break 
RatIo 
15 


MC14408 
MC14409 


BINARY 
TO PHONE PULSE 
CONVERTER 
SUBSYSTEM 
- 


1 


L SUFFIX 


CERAMIC 
PACKAGE 


CASE 
620 


P SUFFIX 


PLASTIC 
PACKAGE 


CASE 
648 


This 
device 
contains 
circuitry 
to 
protect 


the inputs 
against damage 
due to high static 


voltages 
or 
electric 
fields; 
hO'M!ver. 
it 
is 
advised that normal 
precautions be taken 
to avoid application of any voltage higher 
than 
maximum 
rated 
VOltages 
to 
this 
high 


impedance 
circuit. 
For 
proper 
operation 
it 
is recommended 
that 
Vin 
and 
Vout 
be 


constrained 
to 
the 
range VSS 
:110; 
(Vin 
or 
Vout) "VOO' 
Unused inputs must always be tied to an 
appropriate 
logic voltage level (e.g.. either 


VSS or VOOI. 


II 


II 


Rating 
Symbol 
Value 
Unit 


DC Supply Voltage 
VOO 
-0.5 to +6.0 
Vde 


Input Voltage, 
All Inputs 
Vin 
-0.5 
Vde 


'0 
VOO + 0.5 


DC Current 
Drain per Pin 
I 
10 
mAde 


Operating Temperature 
Range 
TA 
-40'0 
+85 
°c 


Storage Temperature 
Range 
Tstg 
-65'0+150 
<rc 


Voo 
"""ooe 
zsoe 
+8SOC 


CharKteristic 
Symbol 
Vdc 
Min 
M•• 
Min 
Typ 
M•• 
Min 
M•• 
Unit 


Supply Voltage 
VOO 
- 
3.0 
6.0 
3.0 
5.0 
6.0 
3.0 
6.0 
Vde 


Output 
Voltage 
"0" 
Level 
Vaut 
5.0 
- 
0.05 
- 
0 
0.05 
- 
0.05 
Vde 


"1" 
Level 
5.0 
4.95 
- 
4.95 
5.0 
- 
4.95 
- 
Vde 


Noise Immunity 


(6Vout 
•• 0.5 Vde) 
VNL 
5.0 
1.5 
- 
1.5 
2.25 
- 
1.4 
- 
Vde 


(6.Vout <; 0.5 Vdc) 
VNH 
5.0 
1.4 
- 
1.5 
2.25 
- 
1.5 
- 
Vde 


Output 
Drive Current 
10H 
mAcre 


1VOH = 2.5 Vdel 
Source 
5.0 
-1.0 
- 
-0.80 
-1.7 
- 
-0.60 
- 


1VOH = 4.6 Vdel 
5.0 
-0.20 
- 
-0.16 
-0.36 
- 
-0.12 
- 


(VOL = 0.4 Vde) 
Sink 
10L 
5.0 
0.52 
- 
0.44 
0.88 
- 
0.36 
- 
mAde 


Input Current 
lin 
6.0 
- 
0.3 
- 
10.ססOO1 
10.30 
- 
1.0 
JlAdc 


Input Capacitance 
Gin 
- 
- 
12 
- 
5.0 
12 
- 
12 
pF 


1Vin = 0) 


Operating Supply Current 
100 
3 
- 
250 
- 
160 
200 
- 
200 
jlAdc 


fel = 16 kHz 
(operating 
5 
- 
700 
- 
470 
550 
- 
550 
with 
6 
- 
1250 
- 
740 
1000 
- 
1000 
0.<1 


01'O2'O3.~ 
I 


voo 
I 


voo 


VOO 


(Power) 


Vss 
VSS 
or 04 
.SU( OS) I_ 
-I- 
•. , t" 
VOO 
I" 
-I tpc 
n 
I 
I 


VOO 


CRQ 


ST 
~tWH 
VSS 
VSS 


If 
power 
is turned 
off 
aft.r 
each 
call, 
CRa 
must 
stay 
nigh 
after 


power 
is applied 
(for 
a duration 
of 
tpC) 
to 
ensure 
no ·.~urioul 
outpulsing. 
For this use the redial function 
is invalid. 


Ch.rK1eristic 
Symbol 
VOO 
Min 
Typ 
MlIX 
Unit 


Output 
Rise Time·· 
tTLH 
5.0 
- 
180 
400 
ns 


tTLH 
= (3.0 ns/pF) CL + 30 ns 


Output 
Fall Time·· 
tTHL 
5.0 
100 
200 
ns 
tTHL 
= 11.5 ns/pF) CL + 25 ns 


Power Up to Call Request Pause 
tpc 
3 '06 
481fel' 
- 
- 
ms 


Call Request to First Strobe Pulse 
tes 
3 t06 
48/fcl' 
- 
- 
ms 


Strobe to Strobe Separation Time 
tss 
3 to 6 
48/fel' 
- 
- 
ms 


Strobe Pulse Width 
twH 
3 to 6 
1.0 
- 
- 
In 


Strobe to Data Hold Time 
th 
3 to 5 
- 
150 
400 
ns 


Clock FreQuencv··· 
fel 
3 to 6 
12.5 
16 
100 
kHz 


Percent Break to Make Ratio 
%M8 
3 to 6 
% 


(M8R = 01 
- 
61 
- 


(MBR = 11 
- 
67 
- 


Outpulsing Rate (fOPL = 'ftl/1.6) 
fOPL 
3 to 6 
pps 
fel = 16 kHz 
- 
10 
- 


fel = 32 kHz 
- 
20 
- 


lnterdigit 
Time 
tlo 
3 to 6 
ms 
tlD = (5 x lOT + 311fOPL 
lOT = 0 


fOPL = 10 pps 
- 
300 
- 
fOPL = 20 pps 
- 
150 
- 


lOT = 1 


fOPL = 10 pps 
- 
800 
- 


fOPL = 20 pp, 
- 
400 
- 


Strobe to Output 
Time 
tSOI 
3 t06 
ms 
Initial Outpulsing Stream 
lOT = 0 


fOPL = 10 pp, 
300 
- 
400 
fOPL = 20 pps 
150 
- 
200 


lOT = 1 


fOPL = 10 pps 
800 
- 
900 
fOPL = 20 pps 
400 
- 
450 


Continued 
OutPulsing Stream 
'SOC 
3 '06 
ms 
lOT = 0 or 1 


fOPL = 10 pps 
100 
- 
200 
fOPL = 20 pps 
50 
- 
100 


Hold to Outpulse Time 
'HOL 
3 '06 
ms 
loT=Oorl 


fOPL = 10 pps 
100 
- 
200 
fOPL = 20 pps 
50 
- 
100 


Dial .Rotating Overlap Time 
'oRO 
3 '06 
ms 
fOPL'10pps 
- 
100 
- 


fOPL = 20 pps 
- 
50 
- 


Data to Strobe Setup Time 
(fel - 16 kHz) 
'SUloSI 
3 '0 6 
1.5 
- 
- 
"S 


Re-dial Pulse Width 
Ifel' 
16 kHz) 
- 
3'06 
500 
200 
- 
ns 


·fcl in kHz 


--The 
formula given is for the typical characteristics onlV . 


••• 
Minimum 
clock pulse width'" 
1.0 IJ,S. 


II 


•• 


CRQ 
I- 
~_t:S_ 


ST 
---.J11st 
(3)- 
n 2nd (2) 
n 3rd (5) 
---l----I.-. ---1.-. 
--- 


ORO 
• 
----~I----------~I--~I-------· 


, l.fU ' 


V'OPL 
~ 


, UUU' 
P 
8 
%MB= 100--8·M 


I 
I 
i:._--r---- 
nn_ 
-- 
un 
- --i-'!I 
_ 


lIlJ1JlflJ' 
"'" 
, 
U· , 
u... 
~ 
~tHOL 


I-----------r----l 
_ 
u· 
LJlJUUlJl..I' 


~tsoc 


(-)lst. 
2nd, 
3rd, 
etc., 
denotes 
Strobe 
pulse sequence 
- 
i.e., 
which 
digit 


in the phone number 
is being dialed. The number 
in parentheses de· 


notes 
the 
numerical 
value 
of 
the digit 
being dialed. 
The examples 


define 
the 
various 
voltage 
- 
level 
and 
timing 
requirements, 
not 
a 


complete 
phone number 


(.O)For 
the MC1440B 
the 
ORO 
signal will 
remain 
high 
provided 
digits 
remain 
in the memory. 
or a digit for continuing 
outpulsing 
is strobed 
in before 
the anticipated 
falling 
edge of the most significant 
digit 
in 


the 
memory. 
Ii,e .. 
(200 % 
MBI 
ms after 
the most 
significant 
out· 


pulsing edge). The time from Strobe to DRO can be a to 100 ms. 
( •• O)For the HOl 
signal to hold 
a next digit 
(e.g. the 4th, etc.,) the HOl 


falling 
edge must 
not 
appear 
after 
(tID-%MB 
+ 
1001 
ms the 
last 


Outpulsing edge of the previous digit. 


To Pin 1 
To Pin 2 


~ 
~C2 
~C' 


7.118 
. 
. 


fcl'" v----cc 
where fel In kHz, L In mH, 


C'" 
Cl 
'" C2 in ~F 


"fcl 
'"' -0.5 I%C + %L) :!:.3.0where "fcl, 
%C, %L are 
the frequency 
capacitor, 
and 
inductor 
tolerances 
in 
per· 


cent. 
The 
:!:.3.0% 
accounts 
for 
supply 
voltage 
and am· 


bient temperature 
variations. 


OUTPULSING 
RATE 


L 
%L 
C=C'=C2 
%C 
'el 
%'el 
'OPL' 
'eI/1.6 


5.0 
mH 
:!:5.0 
0.04 
~F 
:!:5.0 
""'16 kHz 
:!:8.0 
""'10 pps 


5.0mH 
:!:5.0 
0.01 
""F 
!5.0 
""'32 kHz 
:!:.8.0 
""'20 pps 
II 


INPUTS 
OUTPUTS 
= 
04030201 
ST 
IfElj 
= 
lOT 
MeR 
on 
DROt 


1 
x 
X 
x 
x 
x 
x 
x 
x 
x 
0 
0 
0 
x 
x 
x 
x 
0 
, 
, 
x 
X 
I (Slelidy 
Slate) 
o '-StUdy 
Stele) 


0 
X~-L.X 
JL 
, 
1 
X 
X 
Number 
of pullel 
hJ"I of 
nth 
, 
Ouri ••• Outpulfing 


nth 
O"il,1 
d'9,t 
• bInary 
(omb,nal,on 
of 
0 
Otherw,se 


04.03.02.01 
• 


0 
X 
X 
X 
X 
0 
L.J 
, 
X 
X 


0'9'" 
of number 
,n memory 
, 
Our,n90utputs,ng 


,elent 
0 
Otrllrw;N 
0 
X 
X 
X 
X 
X 
, 
0 
X 
X 
1 ~ A,hlr 
c~nchlSion 
Of 
o ~ Af.tl' 
(onciusion 
of digit 


dog,t 
b••••• 
Outpulled 
bl.ng 
outpulSold 


X 
X 
X 
X 
X 
X 
X 
X 
0 
X 
300 
ml 
Interd'9;t 
tim: 
~ 
16 
kHl 
, 
800 
ml 
Interd'9;t 
t,ml 
lel- 


X 
X 
X 
X 
X 
X 
X 
X 
X 
0 
61~1""1,61IM.ke'8re.ItRllio 


1 
61% 
(""211 
Make·Br 
•• k R.tlo 


)( • Oon'l C.'I 


With 
th. 
,.c'PliO" 
01 
סס oo wh,ch 
will 
9;VI 10 puldl 


t 
flIt., 
10 t,m,ng 
d,"O.,m 
F i9ur. 
3 


•• 


OSCILLATOR 
(Osc.Pin 1) 
This pin is an input to the internal oscillator and feed- 


back connection for the L-C]I-network_ An external clock 
signal, if desired can be applied to Osc_ 


CLOCK (Clk. Pin 2) 
This pin is an output from the internal oscillatol and 
feedback connection for the L-C IT-network and provides 
the system clock for the MC14419 bounce eliminator 


circuitry. 


STROBE INPUT (ST. Pin 3) 
This Strobe input, 
when high (ST = VDD), signifies 
that the data at the D1, D2, D3, and D4 inputs is valid, 
and enters the 
4-bit 
number into 
the internal 
FIFO 


(First-In, 
First-Out) 
memory for subsequent outpulsing_ 


The first 
strobe pulse after 
a call is requested (CRO 


= low) clears the memory of any previous number and 


enters 
the 
first 
digit 
of 
the 
new 
number. 
Successive 
strobe pulses will store up to a maximum of 16 digits in 
the 
internal 
FIFO 
memory, 
which 
ignores all 
digits 


entered 
in 
excess 
of 
that 
amount 
until 
a 
new 
call 
is 
requested_ 


DATA INPUTS (04.03,02,01. 
Pins4, 5, 6. 7) 


These 
pins 
are 
the 
Data 
inputs 
to the 
internal 
memory. 


A binary coded digit 
number entered~II 
result in an 


equivalent 
number of 
pulses at the OPL 
(outpulsing) 
output, 
except for the code 0000, which will outpulse 
10 pulses_ 


NEGATIVE POWERSUPPLY (VSS, Pin 81 


This 
pin 
is 
the 
negative 
power 
supply 
connection. 


Normally this pin is system ground_ 


HOLD (HOL. Pin 9) 


When taken low (HaL 
= VSS), the Hold input disables 
the outpulsing at the completion of the digit being out- 
pulsed_When taken high, outpulsing res~mes_This feature 


can 
be 
used 
in 
multi-dial-tone 
phone 
systems 
to 
provide 


longer 
interdigit 
pauses when 
necessary. 


RE-DIAL (RED, Pin 101 
The 
Re-Dial input, 
when taken 
low (RED = VSS) 


automatically 
outpulses the digits entered into memory 
aiter the last time a call was requested_ 


OUTPULSING (OPL, Pin 11) 
The 
Outpulsing 
output 
sends out 
bursts of 
pulses 
equivalent to the digits of the telephone number stored in 
the memory_ The duty cycle and interdigit 
time of the 
digit pulse bursts are controlled, respectively by the MBR 
(Pin 15) and IDT (Pin 14). 


DIAL ROTATING OUTPUT (ORO. Pin 12) 


The 
Dial 
Rotating 
(also known 
as "Off 
Normal") 
Output 
provides a signal which indicates that digit pulse 


bursts are being sent. In the MC14409, DRO goes high 
(VDD) at the beginning of the first digit pulse burst and 
goes low 
(VSS) between succeeding consecutive digit 
pulse bursts. In the MC14408, however, DRO goeshigh at 
the beginning of the first digit pulse burst and remains 
high until 
the last digit 
pulse burst of the telephone 


number hasbeen sent (seeTiming Diagram, Figure 31- 


CALL REOUEST (CRO. Pin 13) 
The Call Request input when taken low (CRG = VSSI 


resets 
internal 
counters 
and 
prepares 
the 
internal 
logic 
to 


either accept new digit 
inputs to be dialed, or to re-dial 
(see RED, Pin 10) the digits stored in the 
memory. 


INTERDIGIT 
TIME (lOT, Pin 141 


The Interdigit 
Timing input determines the length of 
time 
between consecutive digit 
pulse bursts. See the 


Interdigit Time (tlD) 
in the switChing characteristics for 
the length of time. 


MAKE-BREAK RATIO (MBR, Pin 15) 
The Make-to-Break Ratio input controls the duty cycle 
of the digit 
pulse bursts at the OPL output. 
For MBR 


= VDD, duty cycle = 67% low, 33% high; and for MBR 


= VSS, duty cycle = 61% low, 39% high_ 


POSITIVE POWERSUPPLY (VDD, Pin 16) 


This pin is the packagepositive power supply pin_ 


t 


PiCk-up Head-set I 
I 


I 
D.al·tone 
heard 


I 
j 
I 


Keyboard 
buttons 
pressed· 
Re-dial button 
pressed 
(previous 
number 
cleared). 
(previous 
number 
held). 
- 
Dial tone 
stops 
with 
1st digit, 
Dial 
tone 
stops 
with 
1st digit. 


but receiver connects 
to line 
but 
receiver connects 
to line 
after 
each digit 
sent. t 
after 
each 
digit 
sent. 
t 


I 
II 


Error. 
Error 


I 


Error. 
I 
Data entry error 
Too many digits put 
No number 
recognized 
by 
In (>16). 
Ignores 
In 
memory. 
I 
person dialing. 
excess. 


• A number Canbe interrupted 
between 


Call 
made WIth 
success 
digits 
by use of the Hold 
Input 


or busy sIgnal. 


I 


tWith 
the MC1440a 
the line connects 
aher 


total 
outpulsing 
has stopped. 


Hang-up 
Head-set 
f-- 


I 


{ 


1 
~I~:;' 


2 
ST 


3 
04 
4 


From 
03 
Keypad l Column 
, 


5 
6 
02 


Inputs 
, 
7 
01 
9 


14 


ST 


13 
4 
04 
12 


03 
11 
02 


10 


•• Between 
each 
digit 


pulsetrain. 
Me 14408 


ORO stays 
high, 


MC14409 
OAO goes low. 


I 
I 
MC 14408/409 
I 
Control 
Inputs 


I 
I 


Hold 
9 


Call 
AeQuest 
13 


A.·OiaI10 


II 


II 


To 
Phone 
Lines 


I 
I 
I 
I 
I 
I 
I 
I 
I 
I 
I 


Encapsu lated 
I 
L _ 
K·50~ircuitr~ 
--.J 


0.04 J,lF 


VSS~ 


® MOTOROLA 


The 
MC14410 
2-of-8 
tone 
encoder 
is constructed 
with 
comple- 


mentary 
MOS enhancement 
mode devices. 
It is designed 
to accept 


digital 
inputs 
in a 2-of-8 
code 
format 
and to digitally 
synthesize 
the 


high 
and 
low 
band 
SIne 
waves 
specified 
by 
telephone 
tone 
dialing 


systems. 
The 
inputs 
are 
normally 
originated 
from 
a 4 
x 4 matrix 


keypad, 
which 
generates 
4 
row 
and 
4 
column 
input 
sIgnals 
In 
a 


2-of-8 
code 
format 
{1 row and 
1 column 
are sImultaneously 
connected 


to 
VSSI. 
The 
master 
clocking 
for 
the 
MC14410 
IS achieved 
from 
a 


crystal 
controlled 
oscillator 
which 
is included 
on 
the 
chip. 
Internal 


clocks, 
which 
operate 
the 
logiC, 
are 
enabled 
only 
by 
one 
or 
more 


row 
and 
column 
signals 
being 
activated 
simultaneously_ 
The 
two 
sine wave outputs 
have NPN bipolar 
structures 
on the same substrate 


which 
allows 
for 
low 
output 
impedance 
and 
large 
source 
currents. 


Applications 
of 
this 
deVice 
include 
telephone 
tone 
dialing, 
radio 
and 


mobile 
telephones, 
process 
control, 
point-of·sale 
term~nals. 
and 


credit 
card 
verification 
terminals. 


• 
Diode 
Protection 
on All 
Inputs 


• 
Noise 
Immunity 
= 45% of 
VDD 
Typical 


• 
Supply 
Voltage 
Range = 4.4 Vdc 
to 60 
Vdc 


• 
On-Chip 
Oscillator 
(Crystal 
or External 
Clock 
Source 
may 
be 


applied 
to Pin 
10) 


• 
On Chip 
Pull-Up 
ReSistors 
on 
Rowand 
Column 
Inputs 


• 
Designed 
With 
Multiple 
Key 
Lockout 
(Eliminates 
Need 
for 
Me- 


chanical 
Lockout 
In Keypad) 


• 
Two 
Sine 
Wave 
Generators 
On-Chip 


• 
Frequency 
Accuracy 
'0_2% 


• 
Low 
HarmonIc 
Distortion 


• 
Single 
Tone 
Capability 


• 
Fast Oscillator 
Turn-On 
and Turn-Off 
T,mes 


\ 


3 


Row 
4 


Inputs 
: 


\ 


'0 


Oscillator 


ConnectIons 
9 


{ 


" 


Column 
13 


Inputs 
12 
" 


MC14410 


LSUFFIX 


CERAMIC 
PACKAGE 


CASE 
620 


P SUFFIX 


PLASTIC 
PACKAGE 


CASE 
648 


PIN ASSIGNMENT 


N.C. 1. 
16 
VOO 


LBout 
2 
15 
HBout 


Rl 
3 
'4 
Cl 


R2 
4 
13 
::2 


R3 
5 
12 
C3 


R4 
6 
" 


C4 


TPA 
7 
'0 
Oscin 


VSS 
8 
9 
OSCout 


This device contains circuitry 
to protect 
the 
inputs against damage due 
to 
high 
static voltages or electric fields; however, 
it is advised that 
normal precautions be 
taken to avoid application of any voltage 
higher than 
maximum 
rated voltages to 
this high-impedance circuit. 
A destruc- 
tive high-current mode may occur if Vin 
and Vout are not constrained to the range 
Vss IVm or Voutl '" VQQ. 
Que 
to 
the sourcing capability 
of 
this 
circuit, damage can occur to the device if 
VOO isapplied, and the outputs are shorted 
to Vss and are at a peak sinewavevoltage. 


Rating 
Symbol 
Value 
Unit 


DC 
Supply 
Voltage 
VOO 
-0.5 to +6.0 
Vde 


Input 
Voltage. 
All 
Inputs 
Von 
VSS -0.5 
Vde 


to 
VOO + 0.5 


DC Current 
Drain 
per Pm 
I 
10 
mAdc 


Operating 
Temperature 
Range 
TA 
-40 
to +85 
°e 


Storage 
Temperature 
Range 
Tstg 
-65to-+150 
°e 


Voo 
-400e 
250e 
+8SoC 


Characteristic 
Symbol 
Vde 
Min 
Max 
Min 
Typ 
Max 
Min 
Max 
Unit 


Supply 
Voltage 
VOO 
- 
4.4 
6.0 
4.4 
5.0 
6.0 
4.4 
6.0 
Vde 


Output 
Voltage 
"0" 
Level 
Vout 
5.0 
- 
0.05 
0 
0.05 
- 
0.05 
Vde 


Pins 7 and 9 


"1" 
Level 
5.0 
4.95 
- 
4.95 
5.0 
- 
4.95 
- 
Vde 


Input 
Voltage 
- 
- 
(Va 
= 4.5 or 0.5 Vde) 
"0" 
Level 
V,L 
5.0 
1.5 
- 
2.25 
1.5 
1.5 
Vde 


(Va 
= 0.5 or 4.5 Vde) 
"1" Level 
VIH 
5.0 
3.5 
- 
3.5 
2.75 
- 
3.5 
- 
Vde 


Output 
Drive 
Current 
'OH 
mAde 


1VOH = 2.5 Vdel 
Source 


Pin 
7 
5.0 
-0.05 
- 
-0.05 
-0.4 
-0.04 
- 


Pin 9 
-D.23 
- 
-0.20 
-1.7 
-D.16 


(VOL 
= 0.4 Vdel 
Sink 
'OL 
mAde 


Pin 7 
5.0 
0.05 
0.05 
0.20 
- 
0.04 
- 


Pin 9 
0.23 
- 
0.20 
0.78 
- 
0.16 
- 


Input 
Pull-Up 
Resistor 
Source 
Current 
IlL 
6.0 
140 
- 
30 
100 
- 
80 
p,Adc 


(V1n 
= 0 Vdcl 
PinS 3-6.11-14 


Input 
Capacitance 
Gin 
- 
- 
- 
- 
5.0 
- 
- 
pF 


(V1n 
= 0 Vdcl 


Quiescent 
Current 
lQ 
mAdc 
4.4 
0.48 
- 
0.2 
0.4 
- 
0.33 
6.0 
1.3 
- 
0.55 
1.1 
- 
0.9 


Total 
Supply 
Current 
IT 
mAde 


(DynamiC 
plus 
QUiescent) 
4.4 
1.7 
0.7 
1.4 
- 
1.15 


IAL 
= 15k!!.1 
= 1 MHzl 
6.0 
- 
3.5 
1.45 
2.9 
- 
2.4 


Low 
Band 
Output 
VLpp 
mVpp 


Voltage 
SWing 
Pin 2 Only 
4.4 
400 
600 
500 
600 
700 
550 
750 
IAL 
= 100 kl 
6.0 
800 
1000 
900 
1000 
1100 
950 
1150 


High 
Band 
Output 
VHpp 
mVpp 


Voltage 
SWing 
Pin 
15 Only 
4.4 
600 
900 
700 
850 
1000 
800 
1100 
IAL 
= 100 kl 
6.0 
1000 
1400 
1100 
1350 
1500 
1200 
1600 


Low 
Band-High 
Band 
t>V 
5.0 
- 
2.5 
- 
- 
- 
d8 


Voltage 
Differential 


Low 
Band-High 
Band 
Pin 2,15 
zo 
- 
- 
- 
- 
80 
- 
- 
II 


Output 
Impedance 
AC 
only 


Low 
Band-High 
Band 
Pin 2,15 
V2H-V,4H 
4.4 
- 
-20 
.. 
-30 
-25 
.- 
-25 
dB 


2nd 
thru 
14th 
Harmonics 
to 


IAL 
= 15 klll 
6.0 


MaXimum 
Clock 
Pulse 
Frequency 
'ei 
4.4 
- 
- 
- 
1.0 
- 
1.1 
- 
MHz 


Turn-on 
Time 
ton 
5.0 
- 
- 
- 
8.0 
- 
ms 


(Power 
on to oscillation) 


ACTIVE 
LOW INPUTS 
OUTPUTS 


Aetivllted 
Activated 
Low Baoo 
High Band 
Row Un. 
Col umn 
Lines 
Pin 2 
Pin 15 


Non_ 
X" 
de 18vel 
de le•••el 


X" 
None 
de le •••81 
de 
le"81 
On. 
On. 
'L' 
'H' 


Two 
or more 
On. 
de 18vel 
'H' 


On. 
Two or more 
',' 
de le•••el 


Two 
or more 
Two 
or more 
de le"el 
de level 


Input 
Line 
Frequency 
Gen ••.• t"·· 


Activated 
(low) 
IL 1Hz) 
IH 1Hz) 


A1 
697 
- 


A2 
770 


A3 
852 


A4 
94' 
- 


C, 
- 
1209 


C2 
- 
1336 


C3 
- 
1477 


C4 
- 
1633 


-20 


ell 
"'I -40 
c 
~ 


-60 


Af ~ 15 Mn 
!. 10% 


CRYSTAL 
SPECIFICATION 


Crystal 
Mode 


Frequencv 
1 MHz!. 
0.1% 


5400 
typ 


7.0 pF typ 


_40°C 
to .SSOC 


, mW 


T$-330/TSM 
or 
EQuivalent 


II 


II 


I:~ 
: I 
: T.I~::ne 


ICQnn.cl'On~ 
I 
I 
I 
I 
I 
I 
I 
I 
I 


® MOTOROLA 


The MCl4411 
bit rate generator is constructed 
with complementary 
MOS enhancement 
mode devices. It utilizes a frequency 
divider net- 


work to provide a wide range of output frequencies. 


A crystal controlled 
oscillator is the clock source for the network. 
A 
two-bit 
address is provided to select one of four multiple output clock 
rates. 
Applications 
include a selectable frequency source for equipment 
in 


the data communications 
market, such as teleprinters, 
printers, 
CRT 
terminals, and microprocessor 
systems. 


• 
Single 5.0 Vdc (± 5% I Power Supply 


• 
Internal Oscillator Crystal Controlled for Stability 
(1.8432 MHzl 


• 
Sixteen Different 
Output Clock Rates 


• 
50% Output Duty Cycle 
• 
Programmable Time Bases for One of Four Multiple Output Rates 


• 
Buffered o.utputs Compatible with Low Power TTL 


• 
Noise Immunity=45% 
of VDD Typical 


• 
Diode Protection on All Inputs 


• 
External Clock May be Applied to Pin 21 


• 
Internal Pullup Resistor on Reset Input 


Rating 
Symbol 
Value 
Unit 


OC Supply 
Voltage 
Range 
VOO 
5.25 to - 0.5 
V 


Input Voltage. 
All Inputs 
Vm 
VOO+0.5 
to 
V 
VSS - 0.5 


DC Current Dram per Pm 
I 
10 
mA 


Operating Temperature 
Range 
TA 
-40 
to +85 
'C 


Storage Temperature 
Range 
Tstg 
-85 
to + 150 
'C 


Rate SelectA 
23 


Rate SelectB 
22 


1 
F1 


17 
F2 


2 
F3 


16 
F4 


3 
F5 


:>15 
F6 


4 
F7 


5 
F8 


7 
F9 


6 
Fl0 


:>8 
Ftl 


14 
F12 


t3 
F13 


.)9 
F14 


lB 
F15 


19 
F16 


* See Figure 2 for typical 


crystal oscillator circuits. 


* * When 
Reset = 0, outputs 
Fl thru 
FI4=O, 
outputs 
F15and 
FI6=1. 
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l SUFFIX 
CERAMIC 
PACKAGE 


CASE 623 


4!' 


PSUFFIX 
" 
- 


PLASTIC 
PACKAGE 
. 
~ ' 
' 
~ ~ ~.' 


CASE 
709 
24 
~ 
.. 
,1·' . 


Fl 
Voo 


F3 
RSA 


F5 
RSB 


Xta1in 


F8 
Xtalout 


FIO 
F16 


F9 
F15 


Fl1 
F2 


F14 


i1e5ei 


Not Used 
F12 


VSS 


This device contains circuitry to protect the 
inputs 
against 
damage 
due 
to 
high static 
voltages or electric fields; however. 
it is ad- 
vised that 
normal 
precautions 
be taken 
to 


avoid application of any voltage higher than 
maximum 
rated 
voltages 
to 
this 
high 
im- 


pedance 
circuit. 
For proper 
operation 
it is 


recommended 
that 
Vin and 
Vout 
be con- 


strained 
to 
the 
range 
VSSS(Vin 
or 


Voutl,,;VOO· 


Unused inputs must always be tied to an 


appropriate 
logic voltage 
level (e.g., 
either 


VSS or VOOI. 


II 


Voo 
«J°C 
25°C 
+ 116°C 
Un~ 
Charae:teriotic 
Symbol 
Min 
Tun 
Ma. 
Min 
Ma. 
Vde 
Min 
Ma. 


Supply 
VoltaQe 
Vnn 
- 
4.75 
5.25 
4.75 
5.0 
525 
4.75 
5.25 
V 


Output 
Voltage 
"0" 
Level 
5.0 
- 
0.05 
- 
0 
0.05 
- 
0.05 
V 


"". 
Level 
Vout 
50 
4.95 
- 
4.95 
50 
- 
495 
- 
V 


Input VOltage 


1VO = 4.5 or 0.5 VI 
VIL 
5.0 
- 
1.5 
- 
2.25 
1.5 
- 
1.5 
V 


1VO = 0.5 or 4.5 Vdc) 
VIH 
5.0 
35 
- 
35 
2.75 
- 
3.5 
- 
V 


Output Drive Current 


1VOH=2.5 
VI 
Source 
'OH 
5.0 
-0.23 
- 
-0.20 
-1.7 
- 
-0.16 
- 
mA 


1VOL =0.4 
V} 
Sink 
10L 
5.0 
0.23 
- 
020 
0.78 
- 
0.16 
- 
mA 


Input Current 
Pins 21. 22. 23 
I,n 
- 
- 
to.l 
- 
t 0.<XXlO1 
to.l 
- 
tl.0 
~A 


P,n 10 
5.0 
- 
- 
-1.5 
- 
-7.5 
- 
- 
~A 


Input Capacitance 
(Vin = 01 
Cin 
- 
- 
- 
- 
50 
- 
- 
- 
pF 


Quiescent Dissipation 
Po 
50 
- 
2.5 
- 
0015 
2.5 
- 
15 
mW 


Power Dissipation··t 
(Dynamic 
plus Quiescent) 
Po 
5.0 
Po=17.5mW/MHz} 
I+PO 
mW 


IC, = 15 pFI 


Output 
Rise Time-· 
tTLH 
5.0 
- 
- 
- 
70 
200 
- 
- 
ns 


tr = 13.0 ns/pF) 
CL + 25 ns 


Output 
Fall Time-· 
tTHL 
50 
- 
- 
- 
70 
200 
- 
- 
ns 


tl= 
11.5 ns/pFI 
CL +47 
ns 


Input Clock Frequency 
ICL 
50 
- 
1.85 
- 
- 
1.85 
- 
1.85 
MHz 


Clock Pulse Width 
tWIC} 
- 
200 
- 
200 
- 
- 
200 
- 
ns 


Resel Pulse Width 
tWIR} 
- 
500 
- 
500 
- 
- 
500 
- 
ns 


tFor diSSipation at different ext~rnal capacitance {ell refer to correspondIng 
formula: 


PTICL = Po + 2.6 x 10- 
31CL - 15 pF} V0021 
where: 
PT. Po in mW, 
CL in pF, VOO In Vdc. and f In MHz. 


··The 
formula given IS for the typical characteristics only. 


Rate Select 


A 
Rate 


8 


0 
0 
Xl 


0 
1 
X8 


1 
0 
X16 


1 
1 
X64 


Output 
Output Rates (Hz) 


Number 
X64 
X16 
X8 
Xl 


Fl 
614.4 k 
153.6 k 
76.8 k 
9600 
F2 
460.8 k 
115.2 k 
57.6 k 
7200 
F3 
307.2 k 
76.8 k 
38.4k 
4800 
F4 
230.4 k 
57.6 k 
28.8 k 
3800 
F5 
153.6 k 
38.4 k 
19.2 k 
2400 
F6 
115.2 k 
28.8 k 
14.4 k 
1800 
F7 
76.8 k 
19.2 k 
9600 
1200 
F8 
38.4k 
9600 
4800 
600 
F9 
19.2 k 
4800 
2400 
:nJ 
Fl0 
12.8 k 
3200 
1600 
200 
Fll 
9600 
2400 
1200 
150 
F12 
8613.2 
2153.3 
1076.6 
134.5 
F13 
7035.5 
1758.8 
879.4 
109.9 
F14 
4800 
1200 
600 
75 
F15 
921.6 k 
921.6 k 
921.6 k 
921.6 k 


F16" 
1.843 M 
1.843 M 
1.843 M 
1.843 M 


~VDD 


Input 
10% 
VSS 


~ 


O% 
90% 
VDH 


Output 
VOL 


tTLH 
trHL 


II 


-, 


~5pF 
~- , 


...l.- 
-'- 


_T12pF 


Crystal 
Spec~ications 


Crystal 
Mode 


Frequency 


RS 
Co 
Temperature 
Range 
Test Level 
Test Set 


Parallel 
1.8432 MHz ± 0.05%@13 
pF 
540 n max 
7.0 pF max 
o to 70'C 
lmW 
TS - 
330ITSM 
or EqUivalent 


Clrcun diagrams 
utilizing Motorola products 
are Included as a means 
of 
Illustrating 
typical 
semiconductor 
applications; 
consequently, 
complete 
information 
sufficient 
for construction 
purposes IS not 
necessarily 
given. 
The Information 
has been carefully 
check.ed and IS 


beheved 
to be entirely 
reliable. 
However, 
no 
responsIbIlity 
IS assum- 


ed for tnaccuracles. 
Furthermore, such information does not convey 
to the purchaser 
of the semIconductor 
deVices descnbed 
any license 
under the patent nghts of Motorola 
Inc.. or others 


® MOTOROLA 


The MCl4412 
contains 
a complete 
FSK IFrequency-Shift 
Keyingl 


modulator 
and demodulator 
compatible 
with both foreign IC.C.I.T.T. 


standards} and U.S.A. 
low speed 10to 600 Ibps) communication 
net- 
works. 


• 
On-Chip Crystal Oscillator with External Crystal 


• 
Echo Suppressor Disable Tone Generator 


• 
Originate and Answer Modes 


• 
Simplex, Half-Duplex, 
and Full-Duplex Operation 


• 
On-Chip Sine Wave Generator 


• 
Modem Self Test Mode 


• 
Single Supply: 


VDD=4.75 
to 15 Vdc MCl4412FP, 
MCl4412 
FL 


VDD=475 
to 6.0 Vdc MCl4412VP, 
MCl4412VL 


• 
Selectable Data Rates: 0-300, 0-600 bps 


• 
Post Detection 
Filter 


• 
TTL or CMOS Compatible Inputs and Outputs 


Transmit 
Enable 
12 
Transmit 
Data 


Mode 
10 


Type 
14 


Echo 
13 


TTL Pull Up 
15 
Disable 
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UNIVERSAL 
LOW SPEED 
(0-600 
bps) 


MODEM 
~.- 
l~~~n(¥IIU 
1 


L SUFFIX 


CERAMIC 
PACKAGE 


CASE 
620 


P SUFFIX 


PLASTIC 
PACKAGE 


,ASE 648 


""~" 
~tSUffIX 
Denotes 
L 
CeramIc Package 


P 
Plastic Package 
F 4.75 to 15 Vdc 


V 
4.75 to 6.0 Vdc 


Voo" 
-40'C 
+25'C 
+ 85°C 
Charaeteristtc 
Symbol 
Unit 


Vdc 
Min 
Max 
Min 
Typ 
Max 
Min 
Max 


Output 
Voltage 
Pin 7 Only 
50 
- 
0.05 
- 
0 
0.05 
- 
005 


"0" 
Level 
VOL 
10 
- 
0.05 
- 
0 
0.05 
- 
0.05 
V 


V,n=VOD 
or 0 
15 
- 
005 
- 
0 
0.05 
- 
005 


"'" 
Level 
5.0 
4.95 
- 
4.95 
5.0 
- 
4.95 
- 


Vin=O 
or VOO 
VOH 
10 
9.95 
- 
9.95 
10 
- 
995 
- 
V 


15 
14.95 
- 
14.95 
15 
- 
14.95 
- 


Input Voltage- 


"0" 
Level 
1Vo=4.50rO.5VI 
VIL 
50 
- 
1.5 
- 
2.25 
1.5 
- 
15 
V 


1VO=9.0 
or 1.0 VI 
10 
- 
3.0 
- 
4.50 
30 
- 
30 


1VO= 13.5 or 1.5 VI 
15 
- 
4.0 
- 
6.75 
4.0 
- 
4.0 


"'" 
Level 
Pin 15 
5 to 15 
VOO-075 
- 
VOO-0.8 
VOO- 
2 
- 
VOO-0.85 
- 


1VO=05 
or 4.5 VI 
50 
35 
- 
35 
2.75 
- 
35 
- 


1VO= 1.0 or 9.0 VI 
VIH 
10 
70 
- 
7.0 
550 
- 
7.0 
- 
V 
1VO= 1.5 or 13.5 VI 
15 
110 
- 
11.0 
8.25 
- 
11.0 
- 


Output 
Drive 
Current 
Pin 7 Only 


1VOH=251 
IOH 
5 
-0.62 
- 
-05 
-1.5 
- 
-0.35 
- 
mA 


1VOH=9.51 
10 
-062 
- 
-05 
-10 
- 
-035 
- 


1VOH= 
13.51 
15 
-1.8 
- 
-1.5 
-3.6 
- 
-11 
- 


1VOL =041 
475 
23 
- 
20 
40 
- 
16 
- 


1VOL =051 
IOL 
10 
53 
- 
45 
10 
- 
36 
- 
mA 
(VOL = 1.51 
15 
15 
- 
13 
35 
- 
10 
- 


Input 
Current 
I,n 
- 
- 
- 
- 
±O.OOOOI 
±01 
- 
- 
.A 
(P,n 15= VOOI 


Input 
Pull-Up 
ReSistor 


Source 
Current 
(P,n 15= VSS. 


V,n=24 
Vdcl 
Ip 
5 
285 
- 
250 
460 
- 
205 
- 
.A 
P,ns 1. 2. 5. 6.10.11 
12. 13. 14 


Input 
Capacitance 
C,n 
- 
- 
- 
- 
50 
- 
- 
- 
pF 


Total 
Supply 
Current 
5 
- 
45 
- 
11 
40 
- 
35 
(P,n 15= VOOI 
IT 
10 
- 
13 
.- 
40 
12 
- 
11 
mA 
15 
- 
27 
- 
80 
25 
- 
23 


Modulator 
I Demodulator 


Frequency 
ACe 
510 
15 
- 
- 
- 
0.5 
- 
- 
- 
% 
Accuracy 


1Excluding 
Crystall 


Transmit 
Carner 
Output 
V2H 
5 
- 
- 
- 20 
- 25 
- 
- 
- 
d8 
2nd 
HarmOniC 
15 
- 
- 
- 25 
- 32 
- 
- 
- 


Transmit 
Carner 
Output 
5 
- 
- 
02 
030 
- 
- 
- 


Voltage 
(RL = 100 kOi 
VOUI 
10 
- 
- 
05 
085 
- 
- 
- 
VRMS 
(P,n 91 
15 
- 
- 
10 
15 
- 
- 
- 


MaXimum 
Receive 
5 
- 
15 
- 
- 
15 
- 
15 


Carner 
Rise 
and 
Fall 
tr.tf 
10 
- 
50 
- 
- 
50 
- 
5.0 
.s 
Times IPIn 1) 
15 
- 
4.0 
- 
- 
4.0 
- 
4.0 


MaXimum 
Oscillator 
fmax 
5 
1.2 
5 
MHz 


Frequency 
- 
- 
- 
- 
- 


MInimum 
Clock 
Pulse 


5 
50 
350 
W,dth 
tw 
- 
- 
- 
- 
- 
ns 


·OC 
NOise 
Immunity 
IVIL. 
VIH) 
1$ defined 
as thp. maxImum 
voltage 
change 
from 
an Ideal "0" 
or "1" 
Input 
level. 
that 
the 
Circuit 
Will withstand 


before 
accepting 
an 
erroneous 
Input 


"Note: 
Only 
5-Volt 
specifIcations 
apply 
to 
MCl4412VP 
deVIces 


II 


Rating 
Symbol 
Value 
Unit 


DC Supply 
Vollages 
MCI4412FP, 
FL 
VDD 
-0.51015 
V 
MCI4412VP, 
VL 
-0.5106.0 


Input Voltages. 
All Inputs 
VIn 
VDD+0.510 
V 
VSS - 05 


DC Current 
Drain per Pin (except 
Pin 8. 7) 
I 
10 
mA 


DC Current 
Drain (Pin 8. 7) 
I 
35 
mA 


Operating 
Temperature 
Range 
TA 
-40 
to +85 
°C 


Storage 
Temperature 
Range 
Tslg 
-65to 
+150 
°C 


ThiS device contains 
Circuitry to protect 
the 
Inputs 
agamst 
damage 
due 
to 
high 
static 
voltages 
or electric 
fields; 
however. 
It IS ad- 


vIsed 
that 
normal 
precautions 
be 
taken 
to 
avoId application 
of any vOltage higher 
than 
maxImum 
rated 
voltages 
to 
thiS 
high 
Im- 


pedance 
Circuit. 
For 
proper 
operatIOn 
It IS 
recommended 
that 
VIn and 
Vout 
be 
con- 


strained 
to 
the 
range 
VSS:s 
IVin 
or 


Vout'"VDD· 


Unused 
Inputs 
must 
always 
be tied to an 
appropriate 
logic 
voltage 
level 
(e.g .. either 
VSS or VDDI. 


II 


PIN ASSIGNMENT 


Rx Car 
VDD 


ST 
15 
TTLD 


OSCout 
14 
Type 


Oscln 
13 
Echo 


Reset 
12 
Tx Enable 


Rx Rate 
6 
11 
Tx Data 


Rx Data 
10 
Mode 


VSS 
Tx Car 


GENERAL 


Figure 1 shows the modem In a system application. The 
data to be transmitted IS presented In sellal format to the 
modulator for conversion to FSK signals for transmission 
over the telephone network. The modulator output IS buf- 
fered/amplified before driving the 600 ohm telephone line. 


The FSK signal from the remote modem is received via the 
telephone line and filtered to remove extraneous signals such 
as the local Transmit Carner. ThiS filtering can be either a 
bandpass which passesonly the desired band of frequencies 
or a notch which rejects the known Interfering signal. The 
deSired signal ISthen limited to preserve the axis crossings 
and fed to the demodulator where the data is recovered from 
the received FSK carrier. 


INPUT/OUTPUT FUNCTIONS 


Figure 2 shows the I/O interface for the MCI4412 low- 


speed modem. The following 
is a description of each in- 


dividual signal. 


TYPE (pin 14) 


The Type input selects either the U.S. or C.eI.T. T. opera- 


tIOnal frequencies for both transmitting and receiving data. 
When the Type input= "1", 
the U.S. standard is selected 
and when the Type Input = "0", 
the C.C.1.T.T. standard is 
selected. 


TRANSMIT DATA (Tx Data, Pin 111 


Transmit 
Data is the 
binary 
information 
input. 
Data 
entered for transmission is modulated using FSK techniques. 
When operating in the U.S. standard lType= "1") 
a logic 
"1" Input level represents a Mark or when operating in the 
CCITT 
standard 
IType= "0"1 
a 
logic 
"1" 
input 
level 
represents a Mark. 


Bandpass 
FIlter 
and Limiter- 


- 
Data Flow 
--- 


Since the modulator and demodulator 
sections of the MCl4412 
are 
functionally equivalent to those of the MC6860, additional applicatIon 
Informatlon 
can be obtained 
from the followmg 
Motorola 
publica- 


tions 


AN-731 


AN-747 


EB-49 


·CRYSTAL 
SPECIFICATION 
Crystal Mode 
- 
Parallel 
Frequency 
- 
1 MHz ± 0.1 % 
RS~5400 
typ 
Co ~ 7 pF typ 
Temperature 
Range -40°C 
to +85°C 
Test Level ~ 
1 mW 
Suggested Crystal Suppliers 
Tyeo, CTS Knight and 
Motorola 
Crystal Products 


To 
Data Terminal 
EQuipment 


Low-speed Modem 
Fundamentals 


Low-speed Modem 
System Design USing the MC6860 


Application 
Performance of the MC6860 
MODEM. 


1.0 MHz 


Crystalo 


SCout 


Tx Car 9 


10 Mode 


14 Type 


15 
TTLD 


2 ST 


7 Rx Data 
6 
5 
Ra Data Rate 
Reset 


II 


To 


Telephone 


Network 


•• 


TRANSMIT CARRIER (Tx Car, Pin 9) 


The 
Transmit 
Carner 
IS a digital-synthesized 
Sine 
wave 
derived from a 1.0 MHz oscillator reference. The Tx CAR has 
an AC output 
Impedance of 5 kO tYPical. The frequency 


characteristics 
are as follows: 


United States Standard 


Type= "'" 
Echo= "a" 


Mode 
Tx Data 
Tx Car 


Orlgmate 
"'" 


Mark 
"'" 


'270 Hz 


Orlgmate 
"'" 


Space 
"a" 
'070 Hz 


Answer 
"a" 
Mark 
"'" 


2225 Hz 


Answer 
"a" 
Space 
"a" 
2025 Hz 


C.C.I.T.T. Standard 
Type= "a" 
Echo= "a" 


Mode 
Tx Data 
Tx Car 


Channel 
"I" 
Mark 
"'" 


980 Hz 
No. , 
"'" 


Space 
"a" 
"80 
Hz 


Channel 
"a" 
Mark 
"'" 


'650 Hz 
NO.2 
"a" 
Space 
"a" 
1850 Hz 


Echo Suppressor Disable Tone 


Type = "a" 
Echo= "1" 


TRANSMIT ENABLE (Tx Enable, Pin 12) 


The Transmit 
Carner output 
IS enabled when the Tx 
Enable Input = "1" 
No output tone can be transmitted when 
Tx Enable~ "0". 


MODE (Pin 10) 


The Mode Input 
selects the pair of 
transmitting 
and 


receive 
frequencIes 
used 
dUring 
modulation 
and 
demodula- 


tion When Mode = "''', 
the U.S. originate mode ISselected 


!Type Input= "''') 
or the C.C.I.T.T. Channel No.1 !Type In- 


put="O"). 
When mode="O", 
the US 
answer mode IS 
selected (Type Input="'''1 
or the C.C.I.TT 
Channel NO.2 


IType Input = "a") 


ECHO IPin 13) 


When the Echo Input= "'" 
(Type= "0", 
Mode= "0", 
Tx 


Data= "1'" 
the modulator Will transmit a 2100 Hz tone for 


disabling 
line 
echo 
suppressors. 
During 
normal 
data 
transmission, this input should be low= "a". 


RECEIVEDATA IRx Data, Pin 7) 


The Receive Data output is the digital data resulting from 
demodulating the Receive Carrier. 


RECEIVECARRIER IRx Car, Pin 1) 
The Receive Carrier is the FSK input to the demodulator. 


This input must have either a CMOS or TTl compatible logic 
level input Isee TTL pull-up disable) at a duty cycle of 50% 
± 2%, that is a square wave resulting from a signal limiter. 


RECEIVEDATA RATE (Rx Rate, Pin 6) 
The demodulator has been optimized for signal to ~oise 
performance at 300, and 600 bps. 


SELF TEST 1ST, Pin 2) 
When a high level 1ST= "1"1 is placed on this input, the 
demodulator is switched to the modulator frequency and 
demodulates the transmitted FSK signal. 


RESET !Pin 5) 
This Input is provided to decrease the test time of the chip. 


In normal opera\lOn, this input may be used to disable the 
demodulator 
(Reset= "'''' 
- 
otherwise It should be tied 
low = "a" 
The reset pin does not reset Rx data pin 7. 


CRYSTAL IOsCin, OSCout, Pin 4, Pin 3, respectively) 


A '.0 
MHz crystal is required to 
utilize the on chip 


oscillator. A '.0 MHz square wave ciock can also be applied 
to the OSCin Input to satisfy the clock requirement (see 
Figure 21. 


When utiliZing the 1.0 MHz crystal, 
external parasitic 
capacitance, Including crystal shunt capacitance, must be 
<g pF at the crystal Input (pm 41. Pin 4 is capable of driving 
only one CMOS Input. 


TIL 
PUll-UP 
DISABLE ITILD, 
Pin 15) 


To Improve TTl interface compatibility, all of the Inputs to 


the MODEM have controllable P-Channel deViceswhich act 
as pull-up resistors when TTLD Input is low 1"0"'. When the 
Input IStaken high ("1'" 
the pull-up is disabled, thus reduc- 


Ing power diSSipation when interfacing With CMOS. Pin 15 
should be taken high 1"1") With VDD greater than 6 volts. 


II 


1 
1 
1st 2nd 
HarmonIc 


II 


® MOTOROLA 


The MCl4413-1, 
-2 and MCl4414-1, 
-2 are sampled data, switched 
capacitor 
filter 
ICs intended 
to provide the band limiting 
and signal 
restoration filtering necessary in PCM Codec voice digitization systems. 
Both ICs are capable. of operating from either a single or split power 
supply and can be powered-down 
when not in use. Included on both 
chips are two totally uncommitted 
op amps for use elsewhere in the 
systems as I to V converters, 
gain adjust buffers, etc. 


• 
Transmit Band-pass and Receive Low-pass IMCl4413-1, 
-21 


• 
Transmit and Receive Low-pass IMCl4414-1, 
-2) 


• 
D3/D4 Specifications 
IMCl4414-2/13-21 


• 
CCITT Specification 
IMCl4414-1/13-1I 


• 
Low Operating Power Consumption 
- 
30 mW lTypicall 


• 
Power Down Capability 
- 
1 mW {Maximuml 


• 
Single Supply Capability when Used with MCl4404/617 
Codecs 


• 
± 5 to ± 8 Volt Power Supply Ranges 


• 
Receive Filter Compatible with 15% to 100% Duty Cycle PAM Inputs 
with Sinx/x 
Correction 


• 
No Precision Components 
Required IMCl4413-1, 
-21 


• 
TTL Compatible hruts 
Using VLS Pin 


• 
Two Operational Amplifiers Available to Reduce System Component 
Count 


::~ 


AO~~:~ 


+B~ 


MCl4413-1 
MCl4413-2 
MCl4414-1 
MCl4414-2 


(LOW-POWER 
COMPLEMENTARY 
MOSI 


PULSE CODE MODULATION 


SAMPLED 
DATA 
FILTERS 


~ 
16 
1 I - 


1 


L SUFFIX 


CERAMIC 
PACKAGE 


CASE 
620 


P SUFFIX 


PLASTIC 
PACKAGE 


CASE 
64ll 


PIN ASSIGNMENT 


VAG 'iiV'""i6 
VOO 
LPO IMC144141 
+A 
15 
Rxl 
TxO IMCl4413J 
-A 
14 
RxO 


AO 
4 
13 
Txl 


BO 
12 
LPO/TxO 


VAG 
-B 
6 
11 
CCI 


+B 
10 
MSI 


VSS 
8 
9 
VLS 


Rxl 


CCI 


MSI 


VLS 


Rating 
Symbol 
Value 
Unit 


OC Supply 
Voltage 
VOO-VSS 
-0.5 
to 18 
V 


Input Voltage, 
All Pins 
Vin 
- 0.5 to VOO 
+ 0.5 
V 


OC Current 
Orain per Pin IExcluding 
VOO, 
VSSI 
I 
10 
mA 


Operating 
Temperature 
Range 
TA 
40 to B5 
'C 


Storage 
Temperature 
Range 
Tstg 
-6510150 
'C 


This 
device 
contains 
circuitry 
to 
protect 
the inputs against damage due to high static 
voltages or 
electric 
fields; 
ho~ver. 
it 
is 
advised 
that 
normal 
precautions 
be 
taken 


to avoid application of any voltage higher 
than 
maximum 
rated 
voltages 
to this 
high 
impedance circuit. For proper operation it 
is recommended 
that 
Vin 
and 
Vout 
be 
constrained 
to 
the 
range VSS " 
(Vin 
or 
Vout) "Voa- 
Unused inputs must always be tied to an 
appropriate logic voltage level le.g., either 


VSS or VODI. 
Parameter 
Symbol 
Min 
Typ 
Max 
Unit 


OC Supply 
Voltage 
VOO-VSS 
10 
12 
16 
V 


Convert 
Clock 
FreQuency 
CCI 
50 
128 
400 
kHz 


Master 
Sync 
FreQuency 
MSI 
- 
8 
32 
kHz 


Characteristic 
Symbol 
VOO 
O'C 
25'C 
B6'C 
Unit 
Vdc 
Min 
Max 
Min 
Typ 
Max 
Min 
Mex 


Operating 
Current 
100 
12 
- 
50 
- 
2.0 
4.3 
- 
5.0 
mA 


Power-Down 
Current 
IPOI=VSSI 
IPO 
12 
- 
50 
- 
10 
40 
- 
50 
pA 


Input 
Capacitance 
Cin 
12 
- 
- 
- 
5.0 
7.5 
- 
- 
pF 


MODE CONTROL 
LOGIC LEVELS 


VIH 
12 
11.5 
- 
11 
11 
- 
11.5 
- 
V 
VLS Power-Down 
Mode 
15 
14.5 
- 
14 
13 
- 
14.5 
- 


VLS TTL Mode 
12 
2 
9.0 
2.0 
- 
9 
2 
9.0 
V 
- 
15 
2 
11.0 
2.0 
12.0 
2 
11.0 
- 


VLS CMOS Mode 
VIL 
12 
- 
0.8 
- 
- 
0.8 
- 
0.8 
V 
15 
- 
0.8 
- 
- 
0.8 
- 
0.8 


VAG Power-Down 
Mode 
, 
12 
11.5 
- 
11.5 
10.5 
- 
11.5 
- 


VIH 
V 
15 
14.5 
- 
14.5 
13.5 
- 
14.5 
- 


VAG Analog-Ground 
Mode 
VIL 
12 
- 
9.0 
- 
- 
9.0 
- 
9.0 
V 
15 
- 
12.0 
- 
- 
12.0 
- 
12.0 


CMOS 
LOGIC LEVELS IVLS ~ VSSI 


Input 
Current 
CCI 
lin 
12 
- 
± 1.0 
- 
± O.lXXXll 
±0.3 
- 
±1.0 
pA 


Input Current MSI 
"'" 
Level 
lin 
12 
- 
200 
- 
50 
100 
- 
200 
pA 
(Internal 
Pulldown 
Resistors) 
"a" Level 
12 
- 
-1.0 
- 
- O.lXXXll 
-0.3 
- 
-1.0 


Input VOltage CCI, MSI 
"0" 
Level 


VIL 
12 
- 
- 
- 
5.25 
3.60 
- 
- 
V 
15 
- 
- 
- 
6.75 
4.0 
- 
- 


"'" 
Level 
VIH 
12 
- 
- 
9.0 
6.75 
- 
- 
- 
V 
15 
- 
- 
11.5 
8.25 
- 
- 
- 


TTL 
LOGIC LEVELS 
IVLS=6 
V, VSS=O 
VI 


Input Current eel 
lin 
12 
- 
± 1.0 
- 
±O.lXXXll 
±0.3 
- 
±1.0 
pA 


Input Current M 51 
"1" 
Level 
12 
- 
200 
- 
3J 
- 
- 
200 
pA 
(Internal 
Pulldown 
Resistor) 
"a" Level 
lin 
12 
- 
-1.0 
- 
- 0.lXXXl1 
-0.3 
- 
-1.0 


Input Voltage 
CCI, MSI 
"a" Level 
VIL 
12 
- 
- 
- 
- 
VLS +0.8 
- 
- 
V 


"1" 
Level 
VIH 
12 
- 
- 
VLS+2.0 
- 
- 
- 
- 


II 


II 


, 
QOC 
2S°C 
86°C 
Unit 
Characteristic 
Symbol 
Min 
Max 
Min 
Typ 
Max 
Min 
Max 


Input Current 
VAG 
I,n 
- 
±30 
- 
- 
±10 
±30 
pA 


Input Current 
Rxl, 
Txl 
lin 
±OOOOOI 
± 10 
± 1.0 
pA 


AC Input Impedance 
11kHz) 
Rxl. Txl 
lin 
10 
- 
10 
2.0 
- 
10 
- 
MO 


Input Common 
Mode Voltage 
Range 
Txl. 
Rxl 
V'CR 
- 
- 
15 
- 
105 
- 
- 
V 


Output 
Voltage 
Range 
TxO. 
LPO. RxO 


IRL =20 
kO to VAGI 
VOR 
15 
10.5 
15 
- 
105 
15 
10.5 
V 


IRL =600 
0 to VAGI 
2.0 
9.3 
20 
- 
9.3 
20 
93 


IRL =900 
0 to VAGI 
15 
10.5 
15 
- 
10.5 
15 
10.5 


Small Signal Output 
Impedance 
11kHz) 
TxO IMC144131 
SO 


LPO IMC144141 
lo 
- 
- 
- 
SO 
- 
- 
- 
0 


RxO 
- 
- 
- 
SO 
- 
- 
- 


Output 
Current 


1VO=11 
VI 
TxO. 
LPO. RxO 
IOH 
-5 
- 
-5 
-6.0 
- 
-5 
- 
mA 
1VO=1 
V} 
TxO. 
LPO. RxO 
'OL 
5 
- 
5 
7 
- 
5 
- 


Char8eterist~ 
QOC 
2S°C 
86°C 
Unit 
Min 
Max 
Min 
Typ 
Max 
Min 
Max 


Input 
Offset 
Voltage 
- 
±80 
- 
- 
± 70 
- 
+80 
mV 


Open Loop Gain 
lL =600 
0 + 200 pF to VAG 
- 
- 
- 
45 
- 
- 
- 
dB 


Input 
Bias Current 
- 
- 
- 
±0.1 
- 
- 
pA 


Output 
Voltage 
Range 


IRL =20 
kO to VAGI 
- 
- 
15 
- 
10.5 
- 
- 
V 


IRL=6000toVAGI 
- 
- 
20 
- 
9.3 
- 
- 


IRL =900 
0 to VAGI 
- 
- 
1.5 
- 
10.5 
- 
- 


Output 
Current 
VOH 10.5 
- 
5.1 
- 
7.0 
- 
- 
5.1 
mA 


VOL 0.5 
- 
-5.1 
- 
-7.0 
- 
- 
-5.1 


Output 
NOIse 
- 
0 
- 
-3 
- 
- 
0 
dBrncO 


Slew 
Rate 
- 
- 
- 
2 
- 
- 
- 
Vips 


RECEIVE FilTER 
SPECIFICATIONS 


IVDD - VSS= 
12 V. CCI= 
12B kHz. MSI =B kHz. ,ncludes 
s,nx/x 
correction. 
Vfn= 
- 10 dBmO. full scale= 
+ 3 dBmO 
7 V p·pl 


Characteristic 
QOC 
2S°C 
lI6°C 


Min 
Max 
Min 
Typ 
Max 
Min 
Max 
Unit 


Gain 11020 Hz} 
-03 
030 
- 
±0.2 
- 
-030 
030 
dB 


Pass· band R,pple ISO Hz to 3000 Hzl 
Relat,ve to 1.02 kHz@OdBmO 
-0.15 
+0.15 
- 
±O.OO 
- 
-0.15 
+0.15 
dB 


Out 01 Band Rejection 
Relat,ve to 1.02 kHz@OdBmO 
MCI4414113-1 
- 
-09 
- 
-0.5 
-09 
- 
-09 


3400Hz 
MCI4414113·2 
- 
-1.5 
- 
-O.B 
-15 
- 
-15 
4000 Hz-4600 Hz 
-14 
- 
-14.2 
- 15.5 
- 14 
dB 
- 
- 


4600 Hz-64 kHz 
-28 
- 
-30 
-33 
- 
-28 
- 


Output 
Noise IRXI= 
VAG} 
,el to 9000 
- 
- 
- 
8 
12 
- 
- 
dBrncO 


Dynamic 
Range 
- 
- 
81 
83 
- 
- 
- 
dB 


Absolute 
Delay Difference 


1ISO to 2300 kHz Delay 
- 
22 
- 
12 
22 
- 
22 


1000 to 2500 kHz Delay 
- 
35 
- 
25 
35 
- 
35 
ps 


000 to 2700 kHz Delay 
- 
41 
- 
31 
41 
- 
41 


Crosstalk ° dBm@3 
kHz 
- 
- 
- 
76 
- 
- 
- 
dB 


Power 
Supply 
Rejection 
RatiO VOD 
12 V+O.l 
Vrms@1 
kHz 
- 
- 
40 
- 
- 
- 
dB 


TRANSMIT 
FILTER SPECIFICATIONS 
IVDD - V"'S= 
12 V. CC~ 128 kHz. MSI =8 
kHz. V,n~ 
- 10 dBmO. full sca'e~ 
+ 3 dBmO. 7 Vp-p) 


Cheracteristic 
ooe 
25°e 
l160e 
Unit 
Min 
Mex 
Min 
Tvn 
Mex 
Min 
Mex 


Gain 11020 Hzl 
MC14413-1. 
-2 
-0.3 
+0.3 
- 
±0.2 
- 
-0.3 
+0.3 
d8 
MCl4414-1 
-2 
0.25 
025 
1+0.15 
025 
0.25 


Pass-band 
Aipple 
Aelative to 1.02 kHz@OdBmO 
-0.15 
0.15 
- 
±O.OB 
- 
-0.15 
0.15 
dB 
1300 Hz to 3000 Hz) 


Rejection 
50 Hz I Aelative to 1.02 kHz! 
MCl4413- 
1. -2 Only 
-24 
- 
-26 
-28 
- 
-24 
- 


60Hz 
MCl4413-1. 
-2 Only 
-22 
- 
-22 
-25 
- 
-22 
- 


180 Hz 
- 
-0.8 
- 
-03 
- 
- 
-0.8 
dB 
3400Hz 
MC14414- 1113-1 
- 
-O.B 
- 
-0.5 
-0.8 
- 
--0.8 


MC14414-2113-2 
- 
-1.5 
- 
-0.6 
-1.5 
- 
-1.5 


4000 Hz-4600 Hz 
-14 
- 
-14 
- 15.5 
- 
-14 
- 


4600 Hz-64 kHz 
-32 
- 
-32 
-33 
- 
-32 
- 


Output Noise 
MC14413-1. 
-2 
- 
15 
- 
10 
15 
- 
15 
dBrncO 
1:n:J Hz-34OO Hz! 
MC14414-1. 
-2 
- 
12 
- 
7 
10 
- 
12 


Dynamic 
Range 
MC14413-1. 
-2 
- 
- 
78 
B4 
- 
- 
- 


dB 


17V p-p Max! 
MC14414-1, 
-2 
- 
- 
81 
87 
- 
- 
- 


Absolute Delay Difference 


1150 to 2:n:J kHz Delay 
- 
22 
- 
12 
22 
- 
22 
1000 to 2500 kHz Delay 
- 
35 
- 
25 
35 
- 
35 
~s 


BOO10 2700 kHz Delay 
- 
41 
- 
31 
41 
- 
41 


Crosstalk 
OdBm@3kHz 
AXO. TXO 
- 
- 
- 
76 
- 
- 
- 
dB 


Power Supply Rej~tion 
Ratio 
VDD= 
12V+0.1 
VAMS@1 
kHz 
- 
- 
- 
40 
- 
- 
- 
dB 


Characteristics 
Symbol 
a to 70°C 
Units 
Min 
Typ 
Mex 


Input 
Rise Time 
CCI, MSI 
tTlH 
- 
- 
4 


Input Fall Time 
tTHl 


~s 


Pulse Width 
CCI, MXI 
tWH 
200 
- 
- 
ns 


Clock Pulse Frequency 
CCI 
fCl 
50 
- 
500 
kHz 


CCI Duty 
Cycle 
- 
40 
- 
60 
% 


Setup Time 
tsu 
-3.0 
- 
+3.0 
MSI Aising 
Edge to CCI A,s,ng Edge ICCI~ 
128 kHz" 
~s 


III 
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FUNCTIONAL 
DESCRIPTION 
OF PINS 
Pin 10 - 
MSI (Master Sync Input) 


This pin should receive a low-to-high transition concurrent 
with each new PAM sample received at the receive filter in- 
put, 
ADI. 
A 
new transmit 
filter 
output 
sample will 
be 


presented 8 CCI clocks after this. 


Pin 11 - 
CCI (Convert Clock Inputl 
Normally, a 128 kHz clock signal should be applied to this 


pin to operate both filters at fo = 3100Hz.For other break fre- 
quencies use the following equation: fo=0.02422 
f clock. 


Pin 12 - 
TxO (Transmit Band-pass Output- 
MC14413-1, -2) 
ThiS IS the output of the transmit band-pass filter. It is 


100% duty cycle PAM at 8 kHz. 


Pin 12 - 
lPO (Transmit low-pass Output - 
MC14414-1, -2) 
This ISthe output of the transmit low-pass filter. It is 100% 


duty cycle PAM at CCI frequency, normally 128 kHz. 


Pin 13 - 
Txl (Transmit Input) 


This is the transmit-filter input. 


Pin 14 - 
RxO (Receive Outputl 
This pin is the output of the receive filter. It is 100% duty 


cycle PAM at the same frequency as the CCI pin, normally 
128 kHz. 


Pin 1 - 
VAG (Analog Ground) 
This pin should be held at approximately IVDD-VEEI/2 
All 
analog inputs and outpus are referenced to this pin. If this 
pin is brought to within approximately 1.0 V of VDD, the 
chip will be powered down. 


Pin 2 - 
+A 
Noninverting input of op-amp A .. 


Pin3--A 
Invening input of op-amp A. 


Pin4-AO 
Output of uncommitted op-amp A. 


Pin 5 - 
SO 
Output of uncommitted op-amp B. 


Pin 6 - 
-B 
Inverting input of op-amp B. 


Pin7-+B 
Non-inverting input of op-amp B. 


Pin B - 
VSS 
This is the most negative supply pin and digital ground for 
the package. 


Pin 9 - 
VlS 
(logic 
Shift Voltage) 
The voltage on this pin determines the logic compatibility 


for the CCI and MSI inputs. If VLS is within 0.8 V of VSS, 
the thresholds will be for CMOS operating between VDD 
and VSS. If VLS is within 1.0 V of VDD, the chip will power 
down. 
If VLS is between VDD- 
2 V and VSS + 2 V, the 
thresholds for logic inputs at CCI and MSI will be between 
VLS + 0.8 V and VLS +2.0 V for TTL compatibility. 


Pin 15 - 
Rxl (Receive Input) 
This is the receive filter input. It will accept 15% to 100% 


duty cycle PAM at 8 kHz. 


Pin 16 - 
VDD 
Nominally 12 volts. 


Transmit Filter Description 


The 
transmit 
filter 
in 
both 
the 
MCl4413-1, 
-2 and 
MCl4414-1, -2 consists of a 5-pole elliptic low-pass section 
operating at a sampling rate of 128 kHz. This filter provides 
the band limiting necessary to prevent aliasing of the input 
signal in the codec. Since the transmit filter itself samples at 
a 128kHz rate, its input ITxll signal should be band limited to 
124kHz. If energy above 124 kHz could be present, a single- 
pole RC pre-filter should precede the transmit filter. 


In addition to the low-pass section, the transmit filter of 


the MCl4413-1, -2 incorporates a 3 pole Chebychev high- 
pass filter to provide 50/60 Hz and 15 Hz reJectIOn.Although 
the MCl4414-1, -2 does not include this filter, it can be exter- 
nally realized using one of the on-board uncommitted 
op 
amps as an active filter. This is shown in Figure 9. 


Both the MCl4413-1, -2 and MCl4414-1, -2 can be used in 


cascade to produce a sharper rollott. This is especially useful 
in testing the MCl4413-1, -2 since the 8 kHz PAM from the 
Tx filter will be sampled and sinxlx corrected by applying the 
Tx output to the Rxl input and observing RxO. 


Receive Filter Description 


The receive filter sections of the MCl4413-1, 
-2 and 
MCl4414-1, -2 are identical and are 5-pole elliptic low-pass 
filters operating at a sampling rate of 128 kHz. These filters 
are used to smooth the PAM output of the PCM Codec. 
They are similar to the transmit low-pass sections with the 
exception that they include a 118 duty cycle 8 kHz pre- 
sampler on their inputs (Rxll. 


This circuitry 
resamples the codec's 
PAM output 
and 
thereby effecively eliminates the sinxlx distortion normally 
associated with 15% to 100% 8 kHz PAM pulse trains and 
eliminates the need to predistort the receive filter's pass- 


band characteristic. 


In normal use as a codec's receive filter, MSI will be an 


8 kHz signal. With the MCl4407 codec family, the filter MSI 
is the same as the codec MSI. With other codecs, the MSI 
signal is receive sync. 


The MCl4414 may also be used in analog applications by 


disabling the sinx/x 
correction. 
If MSI and CCI are tied 
together, the receive filter has the same frequency response 
as the transmit filter and a gain of 18 dB. 


Timing And Synchronization 
Timing and synchronization 
of the MCl4413-1, 
-2 and 
MCl4414-1, -2 are provided by the CCI and MSI inputs. A 
128 kHz signal should be applied to CCI. An 8 kHz signal, 
whose low-to-high 
transition coincides with a new output 
sample from the PCM codec, should be applied to MSI. The 
rising edges of theCCI and MSI signals should be skewed no 
more than 3.0 I"s for proper operation. 


Logic levels of these signals can be either TTL or CMOS 


compatible. Choice of logic level can be user determined by 
applying the appropriate voltage to the level shift control pin, 
VLS· 


Power Down 


Both 
the MCl4413-1, 
-2 and MCl4414-1, 
-2 may be 


powered down in either of two ways: by bringing VAG to 
within 0.5 V of VDD or by bringing VLS to within 0.5 V of 
VDD· 


If used on a single supply with 
the MCl440617 
PCM 
Codec, the filter IC will power down automatically when the 
codec does, since the codec raises ItS VAG pin to VDD in 
power down. When used in a split supply configuration, the 
circuit shown in Figure 7 may be utilized. 


FIGURE 1 - 
RECEIVE FILTER TYPICAL 
AND 
GUARANTEED 
PERFORMANCE 


(MCl4413-1, 
-2/MCl4414-1, 
-2, SINX/X 
CORRECTION 
INCLUDED) 
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FIGURE 3 - 
TRANSMIT 
FILTER TYPICAL 
AND 
GUARANTEED 
PERFORMANCE 
IMCl4413-1, 
-2 AND 
MCl4414-1, 
-2 USING 
FIGURES 
10 AND 
11) 
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FIGURE 5 - 
TRANSMIT 
FILTER TYPICAL 
AND 
GUARANTEED 
PASS-BAND 
PERFORMANCE 
(MCl4414-1, 
-2) 
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FIGURE 2 - 
RECEIVE FILTER TYPICAL 
AND 
GUARANTEED 
PASS-BAND 
PERFORMANCE 
(MCl4413-1, 
-2/MCl4414-1, 
-21 
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FIGURE 4 - 
TRANSMIT 
FILTER TYPICAL 
AND 
GUARANTEED 
PASS-BAND 
PERFORMANCE 
(MCl4413-1, 
-2 AND 
MCl4414-1, 
-2 USING 
FIGURES 
10 AND 
111 
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FIGURE 6 - 
TRANSMIT 
FILTER TYPICAL 
AND 
GUARANTEED 
PERFORMANCE 
(MCl4414-1, 
-21 
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FIGURE 7 - 
TYPICAL 
CIRCUIT 
CONFIGURATION 
USING 
THE MC14407 
CODEC AND 
MCl4413-1, 
-2 FILTER 
(SPLIT 
SUPPL YI 
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II 


C1. C2" 
C3" 
C5. C6" 
C7. C4" 


Al 
A2 


A3 


A4 
A5 
A6 


A7 


AS. 


All 


2000 pF 
4700 
pF 
0.1 ~F 
1 ~F 
30k 
2.7 k 
237 k 
169 k 
20 k 
33k 
4.7 
k 


10 k 


900 
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QUANTIZING 
DISTORTION 
SINUSOIDAL 
INPUT 
C MESSAGE 
WEIGHTED 


<D40 
u~ 
~30 
a: 


Q) 
620 
z 
o 
~1O 
c 
0> 
en 


-50 
-40 
-30 
-20 
-10 
0 


Input Level IdBml 
Referenced to 0 dBmO @ 1.02 k.Hz 


QUANTIZING 
DISTORTION 
PSEUDO 
RANDOM 
NOISE 
3 kHz FLAT WEIGHTING 


~1O 
0> 
en 


Input 
level 
IdBm) 
Referenced 
to - 10 dBmO @ 1 02 kHz 
Inout 
level 
IdBm) 
Referenced 
to - 10 dBmO 0.82 
kHz 
t;f~=J 
j';~[~ 


+0.3 dB 


o dB 


-03 
dB 


+03 
dB 


o dB 


- 0.3 dB 


TYPICAL END-TO-END PERFORMANCE OF MOTOROLA CODEC AND FILTER 
(All measurements 
made using 
HP3779B 
PCM Test Set 1 


TypiCllI 
BollSyotem 
CCITI 


Specification 
Porlonnance 
of 
D4 Voica 
Frequency 
G7.12 
MCl4407/4 
Codec and 
Requirements 
Voice 
Frequency 
MCl4413 
Filter 
PUB 43801 
Requirements 


Channel 
Saturation 
+3 
dBmO 
+3 dBmO 
+3 
dBmO 


Gain Tracking 
wIth 1 kHz Tone 
+3to 
-40dBmO 
±0.2 
dB 
,,±0.5 
dB 
,,±0.5 
dB 
-40 
to -50 
dBmO 
±03 
dB 
,,± 
1.0 dB 
"± 
1.0 dB 
-55 
dBmO 
±0.5 
dB 
,,±3.0 
dB 
,,±3.0 
dB 


Quantizing 
Distortion 
@ 1 kHz 
+3to 
-30dBmO 
37 dB 
.,,33 dB 
> 33 dB 
-35 
dBmO 
34 dB 
.,,30 dB 
.,,30 dB 
-40 
dBmO 
31 dB 
.,,27 dB 
.,,27 dB 
-45 
dBmO 
25 dB 
.,,22 dB 
.,,22 dB 


Idle Channel 
Norse w,th 
VTX - VAG 
16 dBrncO 
,,23 
dBrncO 
,,-65 
dBmOP 
Quiet 
Code Noise (all 1'5 at decoder 
(RDDI 
input) 
10 dBrncO 
,,15 
dBrncO 
,,-75 
dBmOP 
Selective 
Response 
@ Multiplex 
of 8 kHz 
-60 
dBmO 
See Frequency 
Response 
,,- 
50 dBmO 


Frequency 
Response 
@ 0 dBmO Input 
50 Hz Gain 
Relat,ve to 1.02 kHz 
- 28 dB 
- 
" 
- 24 dB 
60Hz 
Gain 
or 0.820 kHz 
- 24 dB 
" 
- 20 dB 
- 
200 to 300 Hz Ripple 
±0.20 
dB 
,,±0.3 
dB 
,,±05 
dB 
3400 Hz Gain 
- 1.0 dB 
." -3.0 
dB 
." - 1.8 dB 
4CXXJ Hz Gain 
-32 
dB 
,,-28 
dB 
" 
- 28 dB 
~ 4600 Hz Gain 
< -62 
dB 
,,-60 
dB 
" 
- 60 dB 
Single 
FreQuency 
Spurious 
Response 
In Band with 
Input 
1 kHz @ 0 dBm 
" 
-44 
dB 
" 
- 40 dB 
" 
- 40 dB 
Out of Band with 
Input 0 to 12 kHz 
@ 0 dBm 
" 
- 32.5 dB 
" 
- 28 dB 
" 
- 25 dB 
Differential 
Delay Distortion 
1150 to 2300 
58 ~s 
,,60 
~s 
1000 to 2500 
72 ~s 
,,100 
~s 
900 to 2700 
91 ~s 
,,200 
~s 


Cl 


VTX-1 


CI,C2,C3 
C4 


RI 
R2 
R3 
R4 


4700 pF 
0.2 ~F 


112 
kO v.w 
620 kO v.w 
223 kO V.W 
100 kG Y.W 


± 1% 
- 20% +60% 
1% 
1% 
1% 
10% 


• 


II 


Q 


C4 
13 
12 
ADI 


Tx Low-Pass 


R3 
R4 


VAG 


R8 


14 Q 


15 
ADO 
R7 


Ax low-Pass 


C1, C2, C3 
4700 pF 
±1% 
C4 
a 2 ~F 
-20% 
+80% 


Rl 
236 kO 
V.W 
1% 


R2 
294 kO 
V.W 
1% 


R3 
223 kO 
V.W 
1% 


R4 
100 kO 
VOW 10% 


R5 
200 kO 
V.W 
1% 


R6 
169 kO 
V.W 
1% 


R7 
24 kO 
V.W 
1% 
R8 
33 kO 
VOW 
1% 


R9 
18 kO 
V.W 
10% 


RIO 
9OO0V.W 
1% 


Rll 
9000 
;;W 
;% 


Ax Low-Pass 


14 b. 


15 
ADD 
TIp 


Ring 
lOOk 
VAG 


-48 
T x Band- Pass 


13 b. 


12 


~ADI 


R2 


VTX 


R1 


Pon 
Relative 
Full Scale Voltage 
at TxO ILPO) 
Rxl 
Impedance 
Level 
R1 
R2 
R3 
R4 


IRO) 


5 V pop 
600 
4.16 dB, 
161 k 
100 k 
23.9 k 
100 k 


000 
2.4 dBr 
196 k 
150 k 
51.8 k 
100 k 


6.2 V pop, 
+9 
dBm 
600 
6.00 dB, 
100 k 
100 k 
Shon 
Open 
000 
4.26 dB, 
245 k 
150 k 
1B.5 
100 k 


7.6 V pop, 
+9 
dBm 
000 
6.00 dB, 
150 k 
150 k 
Short 
Open 


Interface to 2,wlre or 4-wire ports using the MCl4413-1,- 
2/ 14-1, -2 IS shown in Figures 12 and 13. respectively. The table above shows some 
voltages typically used with the filter and the appropnate resistor values for cases In which the cadec/filter 
OlL? 
IS less than or equal to the 0 


dBm level. If the cadec/filter 
overload voltage IS greater than reqUIred 
for 0 dBm levels In the load. the Axe 
output can be vOltage divided by 


two resistors and the extra ap amp used as a voltage follower. 


FIGURE 14 - 
GENERATOR 
FOR 128 kHz IN SYSTEM 
USING 
2.048 MHz CLOCK 
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R2=250k 
R3~ 65 
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C1, C2, C3 


Rl 


R2 


R3 


4700 
pF 


196 k 
97.6 k 
8.25 k 


VAG, VLS connected 
to GND 
MSI, CCI connected 
to 134 kHl TTL clock 
0.1 pF, VDD to VAG and VSS to VAG 
Ax Filter can also be used and wIll provide 18 dB of Input gain 
VDD~ 
+5 V, VSS~ 
-5 
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Analog Input 


R8 
R5 


VDD 
VCC 


Rxl 
+ 
Eta 


Rxa 


R9 
Clk 
~ 
~ 


Txl 
R3 
DI 
3 
LPa 
DTH 
U::; 


CCI 
cmN 


MSI 
VCC 
2 


VLS 
DO 
- 


BII Rate Clock 
12 kHz to 32 kHz 


Digital Input 


12B kHz 


Cl 
0.1 ~F 
20% 
C2 
0.01 ~F 
20% 


C3 
0.01 ~F 
C4 
033 
~F 
C5 
0.1 ~F 
Rl 
9.1 k 
5% 


R2 
5100 
5% 
R3 
7.5 k 
5% 
R4 
15 k 
5% 
R5 
8.2 k 
5% 


R6 
47 k 
5% 
R7 
5. I k 
5% 
RB 
10k 
5% 


R9 
200 0 
5% 
RIO 
22 mO 
5% 
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PIN ASSIGNMENTS 


MCl441B 
MC14416 


VCC 
VDD 
VCC 
VDD 


CLK 
CTS 
CLK 
OS 
Al 
00 
lXE 
DI 
TXE 
A2 
01 
RXE 
RXE 
DI 
TXE 
DC2 
DCl 
RXE 
OHO 
OHI 


DCl 
P5 
FSR 
A3 
02 
VSS 
FST 
A4 
R2 
--- 
A5 
FSR 
See Figures 3 and 4 


FST 


@ MOTOROLA 


PER CHANNEL. 
ADDRESSABLE 
TIME 
SLOT 
ASSIGNER 
CIRCUITS 
(TSACs) 


The 
MCl4416 
and 
MCl4418 
ale 
per 
channel 
devIces 
thaI 
allow 


variable 
codec 
tIme 
slot assIgnment 
to be programmed 
through 
a senal 


microprocessor 
port 
(0-63 time 
slotsl 
Both 
devices 
have 
Independent 


transmit 
and 
receive 
frame 
syncs 
and 
enables 
They 
also 
Include 
chip 
select 
and clear 
to send 5.lgnals which 
SImplify 
system 
design 


The 
MGI4418 
provides 
Ihe 
addlllonal 
addresSIng 
capability 
which 


allows 
a parallel 
bus back 
plane 
In the channel 
group 
In additIon. 
the 


Me 
14418 provides 
control 
bits whiCh 
can be used for the power 
down, 
ring enable 
and 
ring triP functions 
on a line Circuit 


The MC 14416 provides 
the ab,llly 
10 multIplex 
off 
hook 
signals 
101a 
bank 
01 TSACs 


Both 
devices 
ale fabllcated 
uSing the CMOS 
technology 
for reliable 


low 
power 
performance 
The MCI4418 
IS the full 
leatured 
device 
pro- 


duced 
In 
a 22-pln 
package 
The 
MC 14416 Wllhout 
the 
addreSSing 


capability 
IS offered 
In a 16-pln 
package 


• 
Low 
Power 


• 
5-Volt 
Interface 
on Microprocessor 
Port 


• 
5-16 Volt 
Output 
Logic 
Levels 


• 
Independent 
Transml1 
and 
Receive 
Frame 
Syncs 'and 
Enables 


• 
Up 10 64 Time 
Slots 
Per Frame 


• 
For Use W'th 
Up to 2 56 MHz 
Clocks 


• 
Provides 
Power 
Down 
Control 
for Line 
(nCUlts 


• 
Compallble 
Wllh 
MCI4400/01/02/03/05 
and MK5116 
Codecs 


• 
Provides 
the 
Ring 
Enable and 
Ring T"p 
FunctIons 
IMCI4418J 


• 
Allows 
Use of a Parallel 
Backplane 
tor Llr,e Circuits 
Due 
to the 
Hard 
W"ed 
Address 
Feature 
IMCI44181 


• 
Oil-Hook 
Multiplex 
ControllMCI44161 


• 
CMOS 
Melal 
Gate lor 
High 
Reliability 


MCl4416 
MCl4418 


TSAC 
TIME SLOT ASSIGNER 
CIRCUITS 


2 
li:~I' 
,u:"!'~lrt~f(If)llIl 
L ' 
• 


L SUFFIX 


CERAMIC 
PACKAGE. 


CASE. 7'!£> 


P SUFFIX 


PLASTIC 
PACKAGE 
CASE 700 


r-rm1/1 
nl, 
I 
I 


16 
, - 


1 


L SUFFIX 


CERAMIC 
PACKAGE 
CASE 620 


P SUFFIX 


PLASTIC 
PACKAGE 


CASE 648 


II 


This deVice contains circuitry to protect the In- 
puts against damage due to high static voltages 
or electric fields; however. 
It IS advised that nor- 


mal precautions be taken to avoid application 
of 


any voltage higher than maximum fated voltages 
to this high-impedance 
circuit. For proper opera- 


tion it is recommended 
that V In and Vout 
be con- 


strained 
to 
the 
range 
VSS:s 
IVIn 
or 


VoutlsVDD· 
Unused 
Inputs must always be tied to an ap- 


propriate logic vOltage level (e.g., 
either VSS or 
VDDI. 


Rating 
Symbol 
Value 
Unit 


DC Supply 
Voltage 
VDD 
-0.5 
to + 18 
Vde 


Level Sh,ft Voltage 
VCC 
-0.5 
to VDD 
Vde 


Input 
Voltage 
Inputs Referenced to VOD 
Vinl 
- 0.5 to VDD 
+ 0.5 
Vde 
to VCC 
V1n2 
- 0.5 to VDD 
+ 0.5 


DC Current Drain per Pin 
I 
10 
mAde 


Operating Temperature 
Range 
TA 
-40 
to +85 
'c 


Storage Temperature 
Range 
Tstg 
-65 
to + 185 
'c 


Charaetariatie 
Symbol 
VOO 
Min 
Typ 
Max 
Unit 


DC Supply Voltage 
VSS~OV 
VDD 
- 
4.5 
12 
16 
V 


DC Supply Voltage 
VSS=OV 
VCC 
- 
4.5 
5 
VDD 
V 


Output 
Current TXE, RXE, 00, 01, 02, Po 
(VOL =0.4 
VI 
10L 
5 
0.51 
- 
- 
mAde 


(VOL= 
10 VI 
12 
20 
4.0 
- 


(VOH~4.6 
VI 
10H 
5 
-020 
- 
- 
mAde 


(VOH= 
1.0 VI 
12 
-20 
-4.0 
- 


Output 
Current 
CTS, OHO 


(VOL =0.8 
VI 
10L 
5 
30 
5.5 
- 
mAde 


(VOL =0.8 
VI 
12 
6.6 
11.5 
- 


(VOL ~ 1.5 VI 
12 
12.0 
200 
- 


(VOH~0.8 
VI 
5 
-8 
-20 
-40 


(VOH~2.0 
VI 
5 
-6 
- 18 
-40 


(VOH=0.8 
VI 
10H 
12 
-40 
- 100 
-200 
~Ade 


IVOH~2.0 
VI 
12 
-35 
-90 
-200 


1VOH = 10.5 VI 
12 
-15 
-30 
-60 


Input Voltage 
(CMOS) 
"0" Level 
VIL 
5 
- 
- 
10 
Vde 
FST, FSR, R2, DC1, DC2, Al, 
A2 
12 
- 
- 
2.4 


A3, A4. A5, OHI 
"'" 
Level 
VIH 
5 
4.0 
- 
- 
Vde 
12 
9.6 
- 
- 


Input Current 
OHI 
ImH 
5 
+ 1.5 
+4.0 
+15 
~Ade 
(Active Pull Down) 
12 
+10 
+25 
+ 100 


Input Voltage 
(TTLI 
"0" 
Level 


VIL 
5 
- 
- 
0.8 
Vde 
CLK, 
CS, AD, 
DI 
12 
- 
- 
0.8 


VCC=5V 
"1" Level 


VIH 
5 
2.00 
- 
- 
Vde 
12 
200 
- 
- 


Input Current 
lin 
15 
- 
± 10-5 
±0.1 
~Ade 


Input Capacitance 
C,n 
- 
- 
5 
7.5 
pF 


Total Supply Current (Outputs Unloaded) 


VDD= 
12 V 
DCl at 2.048 MHz 
IT 
12 
- 
3 
6 
mAde 
VDD=5V 
5 
- 
2 
4 


Total 
Supply 
Current 
(Power 
Down) 
MCl4418 
Only 


Alter 
CTS ~ VDD 
IPD 
- 
- 
- 
0.1 
mAde 


CLK, 
CS, AD, 
DI Inputs 
s 
0.6 V 


CharlCl_ic 
Symbol 
Fig. 
VOO 
Min 
Typ 
MI. 
Unit 


Output 
Rise Time 
- 
5 
- 
100 
200 
ns 


TXE. 
AXE. 00.01. 
02, PO 
If 
12 
- 
50 
100 


Output 
Fall Time 
5 
- 
100 
200 
ns 


TXE. 
AXE. 00. 
01.02. 
PO 
If 
- 
12 
- 
50 
100 


Frame Sync Setup Time 
ISFS 
1 
5 
-150 
- 
+ 150 
ns 
12 
-75 
- 
+75 


Frame Sync Pulse WIdth 
1 
5 
200 
- 
- 
ns 
IpWFS 
12 
100 
- 
- 


Propagallon 
Delay 
- 
DC to TXE. AXE INote 
11 
IpLHE. 
1 
5 
- 
130 
1&J 
ns 
CL=20 
pF 
tpHLE 
12 
- 
&J 
125 


Data 
Clock. FreQuency 
fDC 
5 
- 
- 
2.048 
MHz 
- 
12 
- 
- 
26 


Dala Clock 
Pulse Width 
(al 'DCIMAXII 
1 
5 
200 
244 
293 
ns 
tpWDC 
12 
140 
192 
250 


Clock Frequency 
fCLK 
5 
00 
- 
0.3 
MHz 
- 
12 
00 
- 
0.3 


Clock 
Pulse WIdth 
lat fCLKIMAXII 
2 
5 
0.5 
- 
- 
tpwc 
12 
05 
- 
- 
"s 


Address and Data Setup Tlme 
tsu 
2 
5 
300 
- 
- 
ns 
12 
300 
- 
- 


Address and Data Hold Time 


2 
5 
200 
- 
- 
ns 
Ih 
12 
200 
- 
- 


Propagation 
Delay 
DCl 
to CTS 
2 
5 
- 
- 
250 
tPCL 
12 
- 
- 
150 
ns 


DC1 or FST 10 CTS 
2 
5 
- 
- 
300 


10K Pullup or Equivalent 
tPCH 
12 
- 
- 
200 
ns 


Propagation 
Delay 
DC to PD 
2 
5 
- 
- 
300 
ns 
tpo 
12 
- 
- 
200 


DC to 00-02 
2 
5 
- 
- 
300 
IpO 
12 
- 
- 
200 
ns 


Propagation Delay - 
A to 02 
2 
5 
- 
100 
200 
ns 
Ip 
12 
- 
50 
100 


ChIp Select Setup T,me 


2 
5 
1 
- 
- 


LeadIng 
CS to Falling CLK 
tscs 
12 
1 
"s 


ChIp Select Hold TIme 
2 
5 
10 
- 
- 


FailIng CTS to Falling CS 
IHCS 
12 
10 
- 
- 
ns 


II 


II 


--$'""" 
----8 
DataClocks 
~ 


PiS 
IMCl44160nlyl 
0o-02IMCl4418 
Only) 


To Completion of 
- 
Programming 
Sequence 
IScale Changesl 


II 
16[;] 


15 
~J 


21 


~ 
II 


GENERAL DEVICE DESCRIPTION 


The MCl4416 and MCl4418 TSACs are microprocessor 
peripherals intended to be used to control and supervise per 
channel codec subscriber channel units. The TSACs consist 
of three basic functions. 


The Serially Programmable Microprocessor Port consists 
of VCC, CLK, 01, CS and CTS for the MCl4416 and further 
includes AD and A1 through A5 for the MCl4418. This port 
allows the call processing microprocessor to access load 
data into each TSAC. 
See the applications section for a 


detailed description of the microprocessor port. 
Figure t 


defines the data word bit assignments. 


The Supervision Controls consist of 00, 01,02, 
R2on the 
MCl4418 and OHI, OHO and PO on the MCl4416. These 
functions provide data path for the supervision and control 
of user selected requirements in the subscriber channel unit. 
Figure 3 shows some typical uses of these bits. 


The Time Slot Computation section of the chip derives 
separate transmit and receive time slot outputs 
ITXE and 


RXEI for the controlled codec from the bit rate clock and 
sync pins DC1, DC2, FST and FSR, respectively. The com- 
puted time slot is then derived from the information received 
through the microprocessor port. 


PIN DESCRIPTIONS 


VCC (Positive Supply for Microprocessor Port) - 
If this is 
a 5-volt supply, AD, 01, CS and CLK are TTL compatible 
CMOS inputs. VCC may be any voltage from 4.5 V to VDD 
allowing either TTL or CMOS compatibility. 


CS (Chip Select Input) - 
For the MCl4418, the pin is us- 


ed to select a bank of TSACs. 


For the MCl4416, the CS is used to select that individual 
TSAC. 
All CSs are normally held low. To PROGRAM A 
SPECIFIC TSAC, CS must go high prior to the first falling 
edge of CLK. CS must stay high until the selected CTS goes 
low to guarantee a valid access. 


CS is synchronous with 01, AD and CLK. CS can be asyn- 


chronous with DC1, DC2, FST or FSR. IThis pin is normally 
intended to be set by a microprocessor. I 


CLK (Microprocessor Clock Input) - 
Serial data is entered 


through the AD and 01 pins under the control of CLK. The 
data is entered on the trailing edge of CLK. ClK 
is syn- 


chronous with CS, AD and 01and can be asynchronous with 
the TSAC's data clocks IDC1 or DC21. 


01 (Serial Time Slot Data and Mode Input) - 
8-bit words 
are clocked into the device through 01 under the control of 
ClK after CS is brought high. The first 2 bits of 01 control 
the various programming modes while the last 6 bits are time 
slot data. ISee Figure 5 for the format of the 01 word.! 


AD (Serial Address and Control Bits Input - 
MCl4418 on- 
ly) - 
8-bit words are clocked into the device through AD 
under the control of CLK aher CS is brought high. AD words 
are loaded in parallel with the 01words. The first 3 bits of AD 
program the control bits 00, 01, and 02 while the last [i bits 
are compared with the hardware address on A1 through A5 
to identify a specific TSAC in a bank. (See Figure 5 for the 
format of the AD words.! 


Al-A5 (Codec Address Inputs - 
MCl441B only) - 
These 
five pins provide a unique identity for each TSAC. The TSAC 
address pins are either hardwired on the PC board or in the 
channel bank backplane. The processor loads the 5-bit ad- 
dress data into AD, and each MCl4418 in the selected bank 
compares this data to the hardwired address set by its A 1-A5 
to determine if the time slot data loaded into 01 is intended 
for that TSAC. 8y this process, only one of 32 TSACs in a 
bank will accept the transmitted time slot data. A1-A5 are 
CMOS inputs, logical "1" = VDD and logical 
"0" = VSS. 


00, 
01, 
02 (Status Bit Outputs 
- 
MCl4418 
Only) 
These three bits are programmed by the first 3 bits of the 
8-bit word which is loaded into AD. The bits are used for the 
basic control functions of a line circuit. See the applications 
section Iref. Figure 111for an example of how these status 
bits are used. In this example, 01 selects to receive data 
streams, 00 is used for the power down control, and 02 is 
used for the ring enable. These are CMOS outputs. 


R2 (Reset Input for 02) - 
The R2 Input provides a direct 
reset of the 02 output. When R2 is taken high, 02 is set to 
"0" 
independent of all other TSAC functions. 
See the ap- 
plications section Iref Figure 11! for an example of how this 
reset bit is used, i.e., the ring trip signal is used to reset 02 
which is the ring enable. This combination of R2 and 02 
allows a simple solution to the ring trip function. 


CTS (Clearto Send Outputl - 
This output provides a sim- 


ple diagnostic capability for the processor TSAC combina- 
tion. ThE selected TSAC outputs the CTS signal after it has 
accepted data. This output goes low three data clock cycles 
after the next FST, and returns high on the subsequent FST. 
For the MCl4418, only the TSAC which accepts transmitted 
data will respond with CTS low. All other TSACs in the bank 
will leave CTS high. The CTS output is an open drain tran- 
sistor with a weak internal pullup. Normally a bank of CTS 
outputs 
are wire 
ORed together 
to 
provide 
a 
single 


diagnostic bus, which can be used to verify that transmitted 
data was properly acknowledged by some TSAC in the bank. 


CTS may also be used to strobe additional supervision 
data into a selected channel unit, due to its dependence 
upon the address selection logic of the MCl4418. 


DC1, DC2 (Data Clock Input) 
- 
The data clock Input 
establishes the bit rate of the TSAC and Its associated 
codec. It is intended to be between 1.536 and 2.56 MHz and 
is the same as the codec's bit rate clock. Both TSACs divide 


these inputs by eight to derive the time slot rate. For the 
MCl4418, DCl provides the data rate clock for both transmit 
and receive time slot computation. 
The MCI4416 derives 
transmit timing from DCI and receive timing from DC2. They 
are CMOS compatible inputs. 


FST, FSR (Frame Sync Transmit and Frame Sync Receive 
Inputs) 
- 
These inputs are leading-edge sensitive syn- 


chronization pulses for establishing the position of time slot 


zero 
In the 
transmit 
and 
receive 
frames. 
respectively. 


The rising edge of DC (I or 21associated with the rising 
edge of FST or FSR identifies the sign bit period of time slot 
zero. 
See Figures 6 and 7 for detailed 
timing. 
In the 
MCI4418, both zero time slotgare derived from DCl but may 
be different by an integral number of bits. In the MCI4416, 
FST and DCI derive the transmit time slot zero, while FSR 


and DC2 derive the receive time slot zero independently. 
DCI 
and DC2 can be asynchronous. 
FSR and FST are 
CMOS inputs. 


TXE, RXE (Transmit Enable and Receive Enable Outputs) 


- 
These are the outputs of the time slot computation 
cir- 
cuitry. Each output is high for eight data clocks; I.e., an in- 
tegral number of time slots after the rising edge of FST and 
FSR for TXE and RXE, respectively. The binary number 
entered in the last 6 bits of the 01 input indicates the number 
of eight data clock intervals (time slots1between FST or FSR 
and the eight data clock time slol, when TXE or RXE will be 
high. These are CMOS 8 series outputs which will drive one 
TTl 
lS 
input when VDD 
IS five volts. See Figure 6 and 


Figure 7 for detailed timing and numbering. 


Input 
Condittons 
Action 
to Outputs 
Alter 
Next FST 


TS oete 
Address 
TX Reg. 
RX Reg. 
TXE 
RXE 
Data Reg. 
Time Slot 


Received 
Compare 
bO 
bl 
CTS 
Load 
Load 
Disabled 
Disabled 
100-021 
Counters 
Load 
Runnina 


No 
X 
X 
X 
1 
No 
No 
No Change 
No Change 
No 
No Change 


Yes 
No 
X 
X 
1 
No 
No 
No Change 
No Change 
No 
No Change 


Yes 
Yes 
0 
0 
0 
Yes 
Yes 
No 
No 
Yes 
Yes 


Yes 
Yes 
0 
1 
0 
Yes 
No 
No 
No 
Yes 
Yes 


Yes 
Yes 
1 
0 
0 
No 
Yes 
No Change 
No 
Yes 
Yes 


Yes 
Yes 
1 
1 
0 
X 
Yes 
Yes 
Yes 
Yes 
No 


Input 
Conditions 
Action 
to Outputs 
Alter 
Next 
FST 


TXOate 
CS 
CTS 
TX Reg. 
RX Reg. 
TXE 
PO 
Received 
bO 
bl 
Load 
Load 
Disabled 
Output 


No 
X 
X 
X 
I 
No 
No 
No Change 
No Change 


Yes 
0 
X 
X 
I 
No 
No 
No Change 
No Change 


Yes 
1 
0 
0 
0 
Yes 
Yes 
No 
1 


Yes 
1 
0 
I 
0 
Yes 
No 
No 
t 


Yes 
1 
1 
0 
0 
No 
Yes 
No Change 
I 


Yes 
I 
1 
I 
0 
No 
No 
Yes 
0 


II 


MC14418 
01 Word 
Input 
AD Word 
Input 


First Bit Sent 
First Bit Sent 


Results of Bit Pattern 
Mode 
Time Slot 
Status 
Addre •• 
Oete 
Bits 
Data 


bO 
b1 
t6 
tS 
t4 
t3 
t2 
t1 
q2 
ql 
qO 
as 
e4 
a3 
e2 
a1 


Assign TSAC 
16 to the first time slot (T50) 
for both receive and 
0 
0 
0 
0 
0 
0 
0 
0 
0 
1 
1 
1 
0 
0 
0 
0 
transmit and set its status bit to 011 


Assign TSAC 
1 to time slot 8 tor receive only and set status 
1 
0 
0 
0 
1 
0 
0 
0 
0 
1 
1 
0 
0 
0 
0 
1 
bits to 011 


Assign TSAC 8 to time slot 2 tor transmit only and set status 
0 
1 
0 
0 
0 
0 
1 
0 
0 
1 
1 
0 
1 
0 
0 
0 
bIts to 011 


Program TSAC 4 to Idle (no time slot outputs) and set status 
1 
1 
X 
X 
X 
X 
X 
X 
0 
1 
1 
0 
0 
1 
0 
0 
bits to 011 


Codec 1 is powered down 180- Ol 
X 
X 
X 
X 
X 
X 
X 
X 
0 
1 
0 
0 
0 
0 
0 
1 


Line circuit associated with codee 2 is programmed to ring the line 
X 
X 
X 
X 
X 
X 
X 
X 
1 
1 
1 
0 
0 
0 
1 
0 
ISee Fig. 131 


Assign the selected T~C 
to the first time slot (T50) 
for both receive 
0 
0 
0 
0 
0 
0 
0 
0 
and transmit and set PO = 1 


Assign the selected TSAC to time slot 8 for receive only and 
1 
0 
0 
0 
1 
0 
0 
0 
set PO= 1 


Ass~ 
the selected TSAC to time slot 2 for transmit only and 
0 
1 
0 
0 
0 
0 
1 
0 
set PD= 1 


Power down 
the selected 
TSAC. 
I.e. 
PD to "0" 
1 
1 
X 
X 
X 
X 
X 
X 


~ 
Time Slot 31- 
~ 


II 


II 


r- AX Time Slot 24- 
~ 


PO (Power Down Output - 
MC14416 Only) - 
The PD 
output is normally high. It is set high whenever bOor bl iGa 
zero and the TSAC is programmed. If bOand bl are both 
one, then PD will be set low. This output is intended to be 
used to power down other circuitry in the channel unit when 
the channel unit is idle. This is a CMOS B series output 
which will drive one TTL LS load when VDD is five volts. 


OHI (Off Hook Input - 
MC14416 Only) - 
The OHI is a 
CMOS input with an internal pull-down resistor. A DC level 
at this pin will appear at the OHO output during the program- 
med TXE time siOI. 


OHO IOff Hook Output Inverted - 
MC14416 Only) - 


Dunng the programmed transmit time slot, the data at OHI 
appears inverte~ 
OHO; otherwise OHO will be pulled high 
passively. The OHO output is an open drain N-channel tran- 
sistor with a weak pull-up to VDD. A number of these out- 
puts can be wire 0 Red together to form a hook status bus 


consisting 
of a serial stream 
of hook 
information 
from 
a bank 
of channels. When the MCl4416 powers down its codec, the 
TXE output is disabled; but the OHO output continues to 
multiplex out OHI and transmit time slot information during 
the 
previously 
entered 
transmit 
time 
slot. 


VSS - 
This is the most negative supply pin and digital 
ground for the package. 


VDD - 
This is the most positive supply. VDD is typically 
12 V with an operation range of 5 to 16 volts. All logic out- 
puts swing the full supply voltage. 


The following 
section 
IS intended 
to 
facilitate 
device 
understanding through severalapplication examples. Includ- 
ed are Data Multiplex Timing Diagrams, a description of the 
TSAC Microprocessor port, a sample program, two circuit 


configurations 
using 
Motorola's 
devices, 
a systems 
drawing 
and two suggested clock crrcults for obtaining codec data 
and control clocks. 


In Figures 6 and 7 are shown 
Data Multiplex 
Timing 
Diagrams for 2.048 MHz and 1.544 MHz data clocks. The 
major points to be seen from these examples are: 


11 Receiveand transmit programming for the MCl4418 
are bit synchronous and word asynchronous. The 
MCl4416 can be completely asynchronous. 


2) The riSing edges of FST and FSR initiate the pro- 


gramming 
frame 
for transmit 
and 
receive 
channels. 


respectively. 
and 
Identify 
transmit 
and 
receive 
time 
slot "0," 
respectively. 


31 Time slots identify eight data clock words. In this ex- 


ample: the transmit time slot ISprogrammed as time 
slot "1." 
Therefore, bits 8 through 15 after FST are 
time slot "1." 


41 For the 1.544 MHz clock, the framing bit IS at the 
very end of the frame. 


TSAC Microprocessor Port IMC1441a and MC14416) 
The 
MCl4418 
provides 
four 
pins 
with 
5-volt 
micro- 


processor input characteristics. These are AD, CS, CLK, 
and DI. The input supply for these Inputs is VCc. 
The 
CTS output is an open drain device with a weak pull up to 


VDD. Typically, these five pins are bused in parallel to 24 or 
32 TSACs per processor port. If desired, AD, CLK, DI, and 
CTS may be bused to greater than 32 TSACs by using the 
CS input as a group select. A microprocessor port of eight 
bits can thus control four groups of 32 TSACs with no addi- 
tional decoding, as shown in Figure 8. 


In order to program any given codec to a transmit or 


receive 
time 
slot. 
the 
processor 
SImply 
exerCIses 
the 
cor- 


responding 8-bit port. 


Beginning with CSl to CS4 low, all TSACs in the bank 
have their data registers in the Ready for Data Mode. The 
microprocessor takes the appropriate CS high and clocks In 
two bits of data Into the 32 selected TSACs through DI and 
AD using CLK. The microprocessor presents data on the 
leading edge of CLK and the TSACs clock in data on the 
trailing edge of CLK. After eight CLK pulses {high, then low I 
the 32 selected TSACs will have two new B-bit words; one in 
the data register through DI and one in the address register 
through AD. The unique TSAC, whose last 5 bits of the aa- 
dress register match ItS hardwrred address on A 1 through 
A5, acknowledges the new data. After the next FST, the 
selected TSAC will pull CTS low. ThiSevent notifies the pro- 
cessor that ItStransmission has been recognized. If CTS oc- 


curs at any other 
time. 
the processor 
can recognize 
the fault 


condition 
and 
restart 
the transmission 
using 
the 
reset 
tunc· 


tion of the TSAC chip select. The Uniquely selected TSAC 
will load ItS new program data Into the appropnate TIME 
SLOT register on the next leading edge of FST. The bank of 
32 TSACs will Internally reset to the Ready for Data Mode 
when the transmission is completed, after the next FST. The 
TSAC, which was Uniquely selected, and which has CTS 
low, Will clear CTS to the pulled-up condition with the next 
FST. The processor may now program a new time slot Im- 
mediately, with or without 
returning the selected CS low. 


Time Slot data can thus be sent at the rate of once every 
256l'sec. for 8 kHz sampling IFSTI. The processor need not 
operate in an interrupt mode even though the TSAC's DC 
and CLK are asynchronous. 


The processor port of the MCl4416 works Similarly to the 


MCl4418, but will accept data If CS IS high, and does not 
compare a hardwired address to the address word. 


Figure 11shows the typical Signaltiming for programming 


the 
microprocessor 
port. 


To demonstrate the programming of the TSAC, consider 


the 
follOWIng 
configuration. 
A 
microprocessor 
IS used 
to 
control four groups of thirty-two TSACs through an eight-bit 
PIA port. Four of the PIA lines are used for group select 
lines. The other four lines are dedicated to CLK, DI, AD, and 
CTS. The TSACs are programmed by serially loading bits In- 
to the DI and AD leads. Data bits are latched on the failing 
edge of CLK. The PIA port ISconnected as shown in Figure 
9. The flow chart In Figure 10 and the following program Il- 
lustrate one method of TSAC programming 


Before running the follOWing program, the address, time 
slot, and group number must be entered in appropriate loca- 
tions. 
Durrng execution, 
CS (group select), AD, and DI 
words are arranged for serraI presentation to the TSACs. The 
bits are presented With CLK high and are latched in with the 
falling edge of CLK. After eight passesthrough the loop, the 
TSAC ISprogrammed, and CTS falls on the third d3ta clock 
pulse after the next FST. The program waits for CTS to go 
high again before removing CS to prevent aborting 
the 


TSAC's programming. This program allows a maximum rate 
of programming equal to one TSAC per two frames. 


11 


111 


CLK 


D 


A 


8-8it 
C 
PIA 
C 
Port C 


C 


C 


I 


D 


TS 


S1 


S3 


S2 


S4 


1 
1.. 


TSAC 
TSAC 
TSAC 
TSAC 
TSAC 
TSAC 
TSAC 
TSAC 
0 
- -- 
31 
32 
- -- 
63 
64 
- -- 
95 
96 
- -- 
127 


- 
L-- 
- 
L-- 
- 
- 
L---- 
- 


CLK 


Group 1 Select 


Group 2 Select 


Group 3 Select 


Group 4 Select 


Instructions tor use: 
Load in AD word 
102, 01, 
00, 
A5, A4, A3, A2, A 11 
01 word 
lbO, b1, t6, t5, t4, t3, t2, tll 
group word 
Start routine 


LDAA 
GROUP 
STORE GROUP I IN ACCA 
DECA 
CHECK IF EO. TO ONE 
BNE ONE 
IF NOT GO TO NEXT TEST 
LDAB 
103 
EOUALS 
ONE 


STAB 
SELECT 
LOAD 
PROPER SELECT 
BITS 
IN SELECT WORD 
BRA START 
JUMP 
TO NEXT PART 
ONE 
DECA 
IS GROUP 
EO. TO TWO? 


BNE TWO 
IF NOT GO TO NEXT TEST 
LDAB 
105 
LOAD 
PROPER SELECT BITS 
IN SELECT WORD 


STAB 
SELECT 
BRA START 
JUMP 
TO NEXT PART 
TWO 
DECA 
CHECK IF EO. TO THREE 
II 


BNE THREE 
IF NOT IS EO. TO FOUR 


LDAB 
109 
LOAD 
PROPER SELECT 
BITS IN SELECT WORD 


STAB 
SELECT 
BRA START 
JUMP 
TO NEXT PART 
THREE 
LDAB I" 
LOAD 
GROUP SELECT 
BITS 
FOR GROUP 
FOUR 


STAB 
SELECT 


START 
LDAA 
100 
INITIALIZE 
PIA 


STAA 
CDNTRLB 
INITIALIZE 
PIA 
LDAA 
I7F 
INITIALIZE 
PIA 


STAA 
DDRB 
INITIALIZE 
PIA 


LDAA 
104 
INITIALIZE 
PIA 


STAA 
CDNTRLB 
INITIALIZE 
PIA 
LDAB 
ISO 
TEST FOR CTS HIGH 
WAIT 
BITB PIADUT 
WAIT 
FOR CTS HIGH 
BEO WAIT 
LDAA 
101 
NOW 
CTS IS HIGH, 
SET CLK HI AND 
LEAVE CS LOW 


STAA 
PIADUT 
LDAA 
108 
INITIALIZE 
LAP COUNTER 


STAA 
COUNTER 
LOX 00 
MOVE AD AND 
01 INPUTS 


STX 02 
TO SHIFT 
LOCATIONS 


LDAA 
SELECT 
BRING CS HIGH 


STAA 
PIAOUT 
LOOP 
LDAA 
SELECT 
ST ART 
BIT STUFFING 
ROL 0002 
CHECK AD WORD 
BCC 02 
CHECK AD WORD 


ORAA 
20 
CHECK AD WORD 
ROL 0003 
CHECK 01 WORD 
BCC 02 
CHECK 01 WORD 


ORAA 
40 
CHECK 01 WORD 


STAA 
PIAOUT 
WRITE 
BITS 
TO TSAC 
DECA 
WRITE 
FALLING 
EDGE OF CLK 
NOP 
WRITE 
FALLING 
EDGE OF CLK 
NOP 
WRITE 
FALLING 
EDGE OF CLK 


STAA 
PIAOUT 
WRITE 
FALLING 
EDGE OF CLK 
DEC COUNTER 
DECREMENT 
LAP COUNTER 
BNE LOOP 
TEST FOR LOOP COMPLETION 
LDAB 
ISO 
TEST AND 
WAIT 
FOR CTS LOW 
ISITLO 
BITB 
PIAOUT 
TEST AND 
WAIT 
FOR CTS LOW 
BNE ISITLO 
TEST AND 
WAIT 
FOR CTS LOW 


CLR PIAOUT 
REMOVE 
CS (GROUP 
SELECTI 
RTS 
RETURN 
FROM 
SUBROUTINE 
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OO-02IMcl44180nIYI 
*,~ 
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Analog 
Gnd 


Analog 
Out 


MCl4400 
MCl4416 


VAG 
VDD f- 
- 
VCC 
VDD - 


RxO 
RDD I---- 
OHI 
FSR 


RxO 
RCE 
RXE 
ClK 


Txl 
RDC 
DC2 
DI 


- 
MulA 
TDC 
DCl 
CTS 
- 
PDI 
TDD f-- 


I 


TXE 
CS 


- 
VSS 
TOE 
- 
PD 
OHO 


>- VlS 
MSI 
- 
VSS 
FST 


+ 12 V 


+5 V 


Rev Data 


Rev Clock 


II 


HOOk 
Status 


T x Sync 


Tx Clock 


Tx Data 


Gnd 


I 


- 
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II 
+ 
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MC3419 


VCC 
VAG 
MCI440:J 


MDA 
220 
EP 
Rx 
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vAG 
VDD ~ 


~~ 
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"'i 
MJE 271 
SP 
Tx 
~'I 
II 
T 
ROD 
J 
T 
Tip 
.A 
II L 


RxD 
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I 
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RI 
PO 
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Tx+ 
RCE 
. 
II 
Cc 
HS 


~ 


II 
&& 
hi 
ROC 
. 
II 
.. 
II 
J 
RIng 
.. 
R2 
TS 


I 
.••• 
T 


Tx 
TOC 


..JVV' 
~ 
MJE 270 


SN 
RS 
L' 


MulA 
TOO 


0- 


A~ 
~ 
EN 
Rh - 
If 
POI 


TOE 


VEE 
VOS 
>--- 
VSS 
VLS ~ 


I 
I 
= 
I 
t1 
I 
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I 
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MCI44IS 
I 


VCC 
VDD - 


Clk 
CTS 


AI 
00 
"., { 


A2 
01 - 


WHPcl 
01 
TxE 


A,W"",, 
I 
AD 
RxE 


-f-- 
CS 
DCI 
--u 


A3 
02 - 


A4 
R2 


A5 
FSR - j 
.-- VSS 
FST 
- 


- 


-12 
V 
-48V 


Ring BU5 


Data Clock 


Tx Sync 


Bank 
Status 


Bank Select 


Address 


Data 


Clock 


DC 
+16 
2.048 MHz 


o 


22 MO 


47 PFI 


47pF I 


II 


II 


DC 
·12 
3.088 MHz 


1 2 34 
5 6 7 8 9101112 
ruuuumruuuuul. 
DC .I1IlIUlJUUUUUl 
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r 
I 
,) 
I 
/ 
I 
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i 
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Frame 


! 
I 
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I 
/ / 


I 
/ 
I 
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I 
17 
9 
10 
'1 
12 
13 
14 
15 
CCI 
0 
4 
5 


128 kHz 


MSI 
8 kHz 


FST 


Frame 


® MOTOROLA 


The MCl4417,s a per channel Time Slot Assigner CirCUitITSAC) that 
produces 8-blt receive and transmit lime slots for a PCM Codec. The 
pins DOto 05 are the IImQ slot data Inputs which can be either hard- 


wIred 
on the printed 
circUlt 
board 
for fixed time 
slot assignment. 
or ex- 


ternally programmed through the use of these pins and the latch enable 


function. 
The 
receive 
and 
transmit 
frame 
syncs 
and 
enables 
are 
In- 


dependent. In addition, a T/R 
ITXE/RXE swapl Input ISprovided which 


allows 
a sImplified 
sWitching 
mechanism 
for a small 
systems 
architec- 


ture lie., 
key systemsl. 


The MCl4417 can operate from a single 5-volt supply for TTl levels 
or up to 16-volts for CMOS levels. The MCl4417 ISfabncated uSing the 
CMOS technology for reliable low-power performance. 


• 
TTL and CMOS level Compatibility 


• 
5 to 16 Volt Operation 


• 
low Operallng Power Consumption 


• 
For Use With Up to 2.56 MHz Clocks 


• 
Independent Transmit and Receive Frame Syncs and Enables 


• 
Up to 64 Time Slots Per Frame 


• 
Compatible with MCl4400/Ol/02/03/05 
PCM Mono-Circuits 


• 
Allows Swapping of Transmit Enable ITXE) and Receive Enable 
(RXEI Signals 


• 
CMOS Metal Gate for High Reliability 


CMOS LSI 


(LOW-POWER 
COMPLEMENTARY 
MOS) 


TSAC 
TIME SLOT ASSIGNER 


CIRCUIT 
.._ - 
II 


L SUFFIX 
' 


CERAMIC 
PACKAGE 
18 


CASE 
726 
1 


P SUFFIX 


PLASTIC 
PACKAGE 


CASE 
707 


MC14XXXr ~SuffiXDenotes 
e 
Ceramic Package 
Plastic Package 


PIN ASSIGNMENT 


VCC I. 
18 
VOO 


05 
2 
17 
ST 


D4 
16 
TXE 


03 
15 
RXE 


02 
14 
DC 


01 
13 
LE 


DO 
12 
T/R 


NOC 
11 
FSR 


VSS 
10 
FST 


ThiS deVice contaIns circuitry to protect the in- 


puts against damage due to high static voltages 
or electrlc fIelds; however. 
It is advised that nor- 
mal precautions be taken to avoid application of 
any voltage higher than maximum fated VOltages 
to this hIgh-Impedance 
CIrculi. For proper opera- 


tion It ISrecommended 
that Vin and Vout be con- 
strained 
to 
the 
range 
VSS:s 
{Vln 
or 
Voutl~VDD· 


Unused Inputs must always be tied to an ap- 


propriate logIC voltage level (e.g .. either VSS or 
VOOJ. 


Rating 
Symbol 
Value 
Unit 


DC Supply 
Voltage 
VOO 
05 
to 18 
V 


Level Shift Voltage 
VCC 
--0.5 
to VOO 
V 


Input Voltage 
Inputs Referenced to VDD 
V,nl 
-05toVOO+05 
V 


to VCC 
V.n2 
-05 
to VOO+0.5 


DC Current Dram per Pin 
I 
10 
mA 


Operating Temperature 
Range 
TA 
-40 
to +85 
'c 


Storage Temperature 
Range 
Ts'g 
65 to + 165 
'c 


Characteristic 
Symbol 
VOO 
Min 
Typ 
Max 
Unit 


DC Supply 
Voltage, 
VSS ~ 0 V 
VOO 
- 
45 
12 
16 
V 


DC Supply 
Voltage, 
VSS = 0 V 
VCC 
- 
45 
5 
VOO 
V 


Output Current TXE. RXE, ST 


IVOL ~O 4 VI 
IDL 
5 
051 
- 
- 
mA 


IVOL ~ 10 VI 
12 
20 
40 
- 


1VOH=46VI 
IOH 


5 
-02 
- 
- 
mA 


IVOH= 
11.0 VI 
12 
-20 
-40 
- 


Inpu' Voltage 
ICMOSI 
FST, FSR, OCI_ OC2, NOC 
"0" 
VIL 
5 
- 
- 
10 
V 
12 
- 
- 
24 


'-," 
VIH 


5 
40 
- 
- 
V 
12 
96 
- 
- 


Input Voltage 
ITTLI 00-05, 
LE, T/ R, VCC ~ 5 V 
"0'- 
5 
- 
- 
0.8 


VIL 
12 
- 
- 
08 
V 


16 
- 
- 
07 


"1' 
5 
20 
- 
- 


VIH 
V 
12 
20 
- 
- 


Total Supply Current (Outputs Unloaded) 
DCl 
at 2048 
MHz 
IT 
5 
- 
15 
- 
mA 
12 
- 
25 
- 


Characteristic 
Symbol 
VOO 
Min 
Typ 
Max 
Unit 


Output RIse Time, TXE, 
RXE, ST 
5 
- 
100 
200 
ns 
'r 
12 
- 
50 
100 


Outpu, 
Fall Time, 
TXE, RXE, ST 
5 
- 
100 
200 
ns 
'f 
12 
- 
50 
100 


Frame Sync Setup Time (See Figure 1) 
5 
150 
+ 150 
'SFS 
12 
-75 
- 
+ 75 
ns 


Frame Sync Pulse Width 
5 
200 
- 
- 
ns 
tpWFS 
12 
100 
- 
- 


Propagation 
Delay INote 
11 OCI '0 TXE, OC2 to RXE, CL = 20 pF 
tPHLE, 
5 
- 
130 
180 
ns 


tPLHE 
12 
- 
80 
125 


Data Clock Frequency 


'DC 


5 
- 
- 
2048 
MHz 
12 
- 
- 
26 


Data Clock 
Pulse Width 
at fOC IMaxl 
5 
200 
244 
293 
ns 
'PWOC 
12 
140 
192 
260 


LE Pulse Width 
5 
1 
- 
- 


tpWLE 
12 
1 
- 
- 
,s 


NDC to ST Propagation Delay 
5 
- 
- 
120 


12 
- 
- 
80 
ns 


FST to ST Propagation Delay 
5 
- 
- 
200 
12 
- 
- 
130 
ns 


C_tPLHE 
_~tPHLE 
p-----s 
Data Clocks 9 


-------------- 


VCC (Positive Supply) 
- 
The VCC power supply controls 
the inputs 
LE, 0G-05 and T/A. It can be supplied by any 
voltage from 4.5 to VOO. In typical usage, VCC is 5 volts for 
TT L or microprocessor 
compatibility 
of the control Inputs to 


the TSAC while VOO and VSS are connected to the Codec 
supplies. 


05-00 (Parallel Time Slot Data Inputs) - 
The six inputs to 
the input-storage 
latch are the time-slot data. DOis the least- 


significant 
bit while 
05 is the most-significant. 
The binary 


word at this input represents the number of 8 bit time slots 
from FST and FSR where TXE and RXE will occur, respec- 
tively. These can be 5-volt input compatible with TTL and are 
internally level shifted to the VOO supply. 


lE (latch 
Enable Input with Internal Pull-Up) - 
This input 
allows the data DOthrough 
05 and TI~ bits to be latched in 
the input-storage 
latch. If lE is held high, then the inputs to 
the latch are combinational 
and directly applied to the com- 
pare circuits. When LE is pulled low, the input values applied 
at DOthrough 05 and TIR are latched and held in the storage 
latch. 


T/R 
ITXE/RXE 
Swap Input with Internal Pull-Up) - 
This 
input allows the TXE and RXE inputs to be swapped. When 
TIR is a one, the TXE output 
is derived from FST and RXE 
from FSR. If T/R is a zero, the derivation is reversed. If FST 
and FSR are eight data clocks apart, then two TSAC chan- 
nels programmed 
to the same DO through 
05 and different 
TIR bits will create a completed conversation. 
This feature is 


intended for use in simplifying 
small-key systems. 


DC (Data Clock Inputl 
- 
The data clock input establishes 
the 
bit 
rate 
for 
the 
TSAC. 
This 
is typically 
1.544 or 
2.048 MHz but can be any frequency up to 2.56 MHz. The 
data clock is divide-by-8 for both transmit- and receive-time 
slots. The data clock input is a CMOS compatible 
input be- 


tween VOO and VSS. 


FST (Frame Sync Transmit Inputl 
- 
This input identifies 


the beginning of the zero-transmit 
time slot by reselling the 
divide-by-8 and divide-by-64 counters. 
FST is a CMOS com- 


patible input between VDD and VSS. The TXE output 
will 
begin and end on one 8-bit word 
boundary 
which 
is syn- 


chronized 
with 
the FST input. 
The FST signal should 
be 
aligned with the leading edge of data clock and is typically 
8 kHz. 


FSR (Frame Sync Receive Input) 
- 
The FSR input pro- 


vides the same functions 
for the RXE output as FST did for 
TXE. The FSR and FST inputs can be any number of data 
clocks different, 
or can be the same. 


TXE, 
RXE 
(Transmit-Enable 
and 
Receive-Enable 
Outputs) 
- 
These outputs are used to control the transmit- 
ting and receiving of data words to and from Codecs. Each 
output 
swings from VOO to VSS and is eight data clocks 
long. TXE and RXE go high at the beginning 
of the pro- 
grammed time slot and low at the end. TXE is derived from 
FST and RXE is derived from FSR, provided the TIR bit is 
high. 


ST (Strobe Output) 
- 
The strobe output 
is provided to 
allow simplified input data storage or off-hook 
multiplexing 


control. 
ST is the logical AND of an enable signallNOCI 
and 


the TXE time slot period. Thus, ST can only be high during a 
programmed 
TXE time slot. Since no other TSAC in a bank 


can have the same TXE programming, 
the ST output on any 
TSAC can be used to uniquely identify that TSAC by a pulse 
input on NOC. In many applications ST is used to control the 
LEinput. 


NDC (New Data Clock Input with Internal Pull-Up) - 
This 
input can be used in conjunction 
with ST to strobe data into 


a TSAC bank. NDC can be used to enable the strobe output. 


VDD, VSS - 
The TSAC will operate from any single sup- 


ply from 4.5 to 16 volts. The TSAC can be used in a 5-volt- 
only system by making both VCC and VOO 5 volts. 


• 


Analog 
Gnd 


Analog Out 


MCl4401 
1 
MCl4417 J 
~ 
RSI 
Voo 
Vcc 
VOO 


VAG 
ROO - 
FSR 
00 


Rxo 
RCE 
RXE 
01 


RXO 
ROC --l 


OC 
02 


10k 
T 
10k 
Txl 
TOC 
NOC 
03 


-Tx 
TOO 
ST 
04 


MulA 
TOE 
TXE 
05 
- 
f'UT 
MSI 
FST 
Tifi 
- 
VSS 
VLS 
VSS 
LE 


The MCl4417 
TSAC 
offers simple flexible time slot assignment for 
the PCM 
monO-CirCUit 
ASSignments are wired or latched 
Into 
the data port 
The MCl4401 
offers supply flexibility of ±5. 
±6. 
+ 12, 
or + 10 V with 18 pin packages and TlL 
compatibility 


Rev Sync 


Data Clock 


Tx Sync 


Gnd 


The MC14419 is designed for phone dialer system applications, 
but 
finds many applications as a keypad-to-binary 
encoder. The device con- 


tains a 2-of-8 to binary encoder, a strobe generator, and an illegal state 
detector. The encoder has four row inputs and four column inputs, and 
is designed to accept inputs from 
16 keyswitches 
arranged in a 4 x 4 
matrix. For an output on the four data lines, one and only one row along 
with one and only olle column input line must be activated. 
All other 
combinations 
are suppreSsed by the illegal state detector to eliminate 
false data output. 


The strobe generator 
produces a strobe pulse when any of the 10 
keys corresponding 
to numerals 0 through 9 are depressed. The strobe 
output 
can be used to eliminate erroneous data entry due to contact 
bounce. 
For a strobe output 
to occur, the key row and column 
input 
lines must remain stable for 80 clock pulses after activation. 
When the 
contact bounce has settled and 80 clock pulses have occurred, the out- 
put will be a single strobe pulse equal in width to that of the clock low 
state. The strobe generator will output 
one and only one pulse each 
time a numerical key is depressed. After the pulse has occurred, 
noise 
and bounce due to contact 
break will not cause another strobe pulse. 
With a 16 kHz input clock frequency, the pulse occurs 5 ms after the last 
bounce. 


• 
Suppressed Output for Illegal Input Codes 


• 
On-Chip Pullup Resistors for Rowand 
Column Inputs 


• 
Clock Input Conditioning 
Circuit 


• 
Low Current Drain in Standby Mode 
50"A 
Typical 
@ 5.0 Vdc 


• 
Subsystem 
Complement 
to the MCl4408l14409 
Phone 


Pulse Converter 


• 
Codes for Numbers 0-9 Produce a Strobe Pulse 


• 
One Key Rollover Feature 


I 


A' 
, 


Row 
R2 


Inputs 
R3 


A4 


I 


c, 
5 


Column 
C2 


Inputs 
C3 


C4 


13 
D4 


12 
D3 


Data 


11 
D2 
Outputs 


'A 
D' 


2·of·8 
to 


Blnarv 
Encoder 
and 


Illegal 
Code 
Detector 


CMOS 
(LOW-POWER 
COMPLEMENTARY 
MOSI 


2-0F-8 
KEYPAD-TO-BINARY 
ENCODER 
.~ 
• 
!'Ni11iii 


1 
1 


L SUFFIX 


CERAMIC 
PACKAGE 


CASE 620 


P SUFFIX 


PLASTIC 
PACKAGE 


CASE 648 


MC'4XXX 


T Suffix 
Denotes 


CL=ceramiC 


p= Plastic 


This 
deVice 
contains 
cirCUitry 
to 
protect 
the 
Inputs 
against 
damage 
due to high static 


voltages 
or 
electric 
fields; 
hOV\oever, 
it 
;s 


adVised 
that 
nOrmal 
precautions 
be 
taken 


to aVOid application 
of any voltage higher 
than 
maxImum 
rated voltages to this high 


Impedance 
CirCUlI. 
F Or 
proper 
operation 
it 


1$ 
recommended 
tha' 
Vin 
and 
Vout 
be 


constraIned 
to 
the 
range 
VSS 
"" 
(Vin 
or 


Vout) 
.;;;VOO· 


II 


II 


R.ting 
Symbol 
V.lue 
Unit 


DC 
Supply 
Voltage 
VOO 
+6,0 to -0.5 
Vdc 


Input 
Voltage. 
All 
Inputs 
V,n 
VOO • 0.5 
Vdc 
to 
VSS -0.5 


DC 
Current 
Drain 
per 
Pin 
, 
10 
mAde 


Operating 
Temperature 
Range 
TA 
-40 to +85 
°c 


Storage 
Temperature 
Range 
T 519 
-6510+150 
°c 


Voo 
-400C 
25°C 
+8SoC 


Characteristic 
Symbol 
Vdc 
Min 
Ma. 
Min 
Typ 
Ma. 
Min 
Max 
Unit 


Supply 
Voltage 
Operating 
Range 
VOO 
- 
30 
60 
3.0 
50 
6.0 
3.0 
6.0 
Vdc 


Output 
Voltage 
"0" 
Level 
Vout 
5.0 
- 
0.01 
- 
0 
0.01 
- 
0.05 
Vdc 


"1" Level 
5.0 
4.99 
- 
4.99 
5.0 
- 
4.95 
- 
Vdc 


Noise 
Immunity 
VNL 
5.0 
15 
- 
1.5 
2.25 
- 
1.4 
- 
Vdc 


(.6Vout 
"0.8 
Vdcl 
VNH 
5.0 
'.4 
1.5 
2.25 
1.5 
Vdc 


Output 
Drive 
Current 
'OH 
5.0 
-0.23 
- 
-0.20 
-17 
- 
-0.16 
- 
mAde 
(VOH = 2.5 Vdc) 
Source 


(VOL 
= 0.4 Vdc) 
Sink 
'OL 
5.0 
0.23 
- 
0.20 
078 
- 
0.16 
- 
mAde 


Input 
Leakage 
Current 
"H 
5.0 
- 
- 
- 
10 
- 
- 
- 
pAdc 
(Vin = VOO) 


Pullup 
Resistor 
Source 
Current 
IlL 
5.0 
265 
460 
190 
250 
330 
125 
215 
~Adc 


(Rowand 
Column 
Inputs) 


IVin 
= VSSJ 


Input Capacitance 
Gin 
- 
- 
- 
- 
5.0 
- 
- 
- 
pF 


1Vin = VSS' 


Standby 
Supply 
Current 
'DOS 
3.0 
3.0 
1.0 
3.0 
6.0 
~Adc 


lfclock 
= 16 
kHz. 
No 
Keys 
5.0 
- 
15 
- 
5.0 
15 
- 
30 
Depressed) 
60 
- 
60 
- 
20 
60 
- 
120 


Standby 
Supply 
Current as a 
'DDS 
5.0 
'DDS = 0.09 "A/kHz' 
3.0"A 
JJAdc 


Function 
of Clock 
Frequency· 


(No Keys Depressed) 


Characteristic 
Symbol 
VOO 
Min 
Typ 
Ma. 
Unit 


Output 
Rise 
and 
Fall 
Times, 
D1 
thru 
D4 
(Figure 
1) 
tr,tf 
50 
- 
300 
- 
n, 


Propagation 
Delay 
Time, 
Row 
or 
Column 
Input 
to 
tPLH. 
5.0 
- 
1000 
- 
n, 
Data 
Output 
(Figure 
1) 
tPHL 


Clock. 
Pulse 
Frequency 
Range 
PRF 
3.0 to 6.0 
4.0 
16 
80 
kHz 


PRF 
'ST· 
Clock Frequency 
Strobe Pulse Delay Time 


kHz 
ms 
4.0 
20 
8.0 
10 
16 
5.0 
32 
2.5 
80 
1.0 


Row or 
Column 


Input 


Contact 
Make 
Bounce 


Contact 
Break 
Bounce 
~~-~-~ 
\..--'ST--.ll--PWST· . 


80 
Clock 
~ 
Pulses 
------------------------ 


Rowor 
Column 
Input 


Inputs 
I 
Row 
Column 
I 
Outputs 


Key·· 
R4 R3 R2 R, 
C4 C3 C2 Cl 
·0403020' 
Strobe 


1 
1 
1 
1 
0 
1 
1 
1 
0 
0 
0 
0 
1 
J"l.. 


2 
1 
1 , 
0 
1 
1 
0 
1 
0 
0 
1 
0 
J"l.. 


3 
1 
1 
1 
0 
1 
0 
1 
1 
0 
0 
1 
1 
J1.. 


A 
1 
1 
1 
0 
0 
1 
1 
1 
1 
1 
0 
0 
0 
4 
1 
1 
0 
1 
1 
1 
1 
0 
0 
1 
0 
0 
J"l.. 


5 
1 
1 
0 
1 
1 
1 
0 
1 
0 
1 
0 
1 
J1.. 


6 
1 
1 
0 
1 
1 
0 
1 
1 
0 
1 
1 
0 
J1.. 


8 
1 
1 
0 
1 
0 
1 
1 
1 
1 
1 
0 
1 
0 


7 
1 
0 
1 
1 
1 
1 
1 
0 
0 
1 
1 
1 
J"1. 


8 
1 
0 
1 
1 
1 
1 
0 , 
1 
0 
0 
0 
J"l.. 


9 
1 
0 , 
1 
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MOTOROL.A 


• 
Provides All Basic Telephone 
Station Apparatus 
Functions in a 
Single IC, Including DTMF Dialer, Tone Ringer, Speech Network 
and Line Voltage Regulator 


• 
DTMF Generator Uses Low-Cost Ceramic Resonator with Accu- 
rate Frequency Synthesis Technique 


• 
Tone Ringer Drives Piezoelectric Transducer 
and Satisfies EIA 
RS-470 Impedance Signature 
Requirements 


• 
Speech 
Network 
Provides 
Two-Four 
Wire 
Conversion 
with 
Adjustable 
Sidetone Utilizing 
an Electret Transmitter 


• 
On-Chip Regulator Insures Stable Operation 
Over Wide Range 
of Loop Lengths 


• 
12L Technology 
Provides Low 1.4 Volt Operation and High Static 
Discharge Immunity 


• 
Microprocessor 
Interface Port for Automatic 
Dialing Features 
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Parametar 
Value 
Unit 


V + Terminal Voltage (Pin 34) 
+20, ~1.0 
V 


VR Terminal Voltage (Pin 29) 
+2.0, -1.0 
V 


RXO Terminal Voltage (Pin 27) 
+2.0, -1.0 
V 


TRS Terminal Voltage (Pin 37) 
+35, -1.0 
V 


TRO (With Tone Ringer Inactivel Terminal Voltage 
+2.0, -1.0 
V 


Rl-R4 Terminal Current (Pins 1-4) 
:!:100 
mA 
Cl-C4 
(Pins 5-8) 


CL, ro, DO, 1/0, A+ 
+ 122, -1.0 
V 


Operating Ambient Temperature Range 
-20 to +60 
'C' 


Storage Temperature Range 
-65to 
+150 
'C 


Introduction 
The 
MC34010 
Electronic 
Telephone 
Circuit 
(ETC) 
provide 
all the 
necessary 
elements 
of a tone 
dialing 
telephone 
in a single 
IC. The functional 
blocks 
of the 
ETC include 
the 
DTMF 
dialer, 
speech 
network, 
tone 
ringer, 
and 
dc 
line 
interface 
circuit 
(Figure 
I). 
The 
MC34010 
also 
provides 
a microprocessor 
interface 
port that facilitates 
automatic 
dialing 
features. 
Low voltage 
operation 
is a necessity 
for telephones 
in networks 
where 
parallel 
telephone 
connections 
are 
common. 
An electronic 
speech 
network 
operating 
in 
parallel with a conventional 
telephone 
may receive line 
voltages 
below 
2.5 volts. 
DTMF dialers operate 
at sim- 
ilarly low-line 
voltages 
when signaling 
through 
battery 
powered 
station 
carrier 
equipment. 
These low voltage 
requirements 
have 
been 
addressed 
by 
realizing 
the 
MC34010 in a bipolarll2L 
technology 
with 
appropriate 
circuit 
techniques. 
The resulting 
speech and dialer cir- 
cuits 
maintain 
specified 
performance 
with 
instanta- 
neous input voltage 
as low as 1.4 volts. 


Une Voltage 
Regulator 
The dc line interface 
circuit 
(Figure 3) determines 
the 
dc input 
characteristic 
of the telephone. 
At low 
input 
voltages 
(less than 
3 volts) 
the 
ETC draws 
only 
the 
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1 
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1 
11'11 
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2 
0111 
3 
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3 
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1 
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5 
2 
2 
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Speech 
Network 
The speech 
network 
(Figure 
5) provides 
the two-to- 
four wire 
interface 
between 
the telephone 
line and the 
instrument's 
transmitter 
and receiver. 
An electret 
mi- 
crophone 
biased from VR drives the transmit 
amplifier. 


For very 
loud talkers, 
the peak limiter 
circuit 
reduces 
the transmit 
input 
level to maintain 
low distortion. 
The 
transmit 
amplifier 
output 
signal 
is inverted 
at the STA 
terminal 
and driven through 
an external 
R-C network 
to 
control 
the receiver 
sidetone 
level. The switched 
ac re- 


sistance 
at the 
RM terminal 
reduces 
receiver 
signal 
when dialing 
and suppresses 
clicks due to hook or key- 
pad switch 
transitions. 
When transmitting, 
audio signal 
currents 
(iTXO and iRXO) flow through 
the voltage 
reg- 
ulator 
pass transistor 
(T1) to drive 
the telephone 
line. 


This feature 
has two consequences: 
1) In the transmit- 


ting 
mode 
the receiver 
sidetone 
current 
iRXO contrib- 
utes to the total 
signal 
on the line along 
with 
iTXO; 


2) The ac impedance 
of the telephone 
is determined 
by 
the receiver 
impedance 
and the voltage 
gain from 
the 
line to the receiver 
amplifier 
output. 


speech 
and dialer 
bias currents 
through 
the VR regu- 
lator. 
As 
input 
voltage 
increases, 
Q1 conducts 
the 
excess dc line current 
through 
resistor 
R4. The 1.5 volt 
level shift prevents 
saturation 
of Q2 with telephone 
line 
signals 
up to 2.0 volts 
peak (+ 5.2 dBm). 
A constant 
current 
(dummy 
load) is switched 
off when 
the DTMF 
dialer is activated 
to reduce line current 
transients. 
Fig- 


ure 4 illustrates 
the dc voltage/current 
characteristic 
of 
an MC34010 telephone. 


DTMF Dialer 
Keypad interface 
comparators 
activate the DTMF row 
and column 
tone generators 
(Figure 6) when a row and 
column 
input 
are connected 
through 
a SPST keypad. 


The keypad 
interface 
is designed 
to function 
with 
con- 
tact resistances 
up to 1.0 kn and leakage resistances 
as 
low 
as 150 kn. 
Single 
tones 
may 
be initiated 
by de- 
pressing 
two keys in the same row or column. 
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The programmable 
counters 
employ 
a novel design 
to produce 
non-integer 
frequency 
ratios. 
The various 
DTMF tones 
are synthesized 
with 
frequency 
division 
errors less than 
±0.16% 
(Table 1). Consequently 
an in- 


expensive 
ceramic 
resonator 
can be used instead 
of a 
quartz crystal 
as the DTMF frequency 
reference. 
Total 


frequency 
error 
less than 
± 0.8% can be achieved 
with 


± 0.3% ceramic 
resonator. 
The 
row 
and column 
DIA 


converters 
produce 
16-step 
approximations 
of 
sinu- 


soidal 
waveforms. 
Feedback 
through 
terminal 
FB re- 
duces the DTMF 
output 
impedance 
to approximately 
2.0 kO to satisfy 
return 
loss specifications. 
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Tone Ringer 
The 
tone 
ringer 
(Figure 
7) generates 
a warbling 
square 
wave 
output 
drive 
to 
a piezo 
sound 
element 
when 
the 
ac line 
voltage 
exceeds 
a predetermined 
threshold 
level. The threshold 
detector 
uses a current 
mode 
comparator 
to prevent 
onloff 
chatter 
when 
the 
output 
current 
reduces 
the 
voltage 
available 
at the 
ringer 
input. 
When 
the average 
current 
into 
the tone 
ringer 
exceeds 
the threshold 
level, the 
ringer 
output 


'TRO commences 
driving 
the piezo transducer. 
This out- 
put current 
sourced from TRI increases the average cur- 
rent measured 
by the threshold 
detector. 
As a result, 


hysteresis 
is produced 
beween 
the tone ringer 
on and 
off thresholds. 
The output 
frequency 
at TRO alternates 
between fo/8 and fo/10 at a warble 
rate offo/640, 
where 
fo is the ringer 
oscillator 
frequency. 


Microprocessor 
Interface 


The MPU interface 
connects 
the keypad 
and DTMF 
sections 
of the ETC to a microprocessor 
for storing 
and 
retrieving 
numbers 
to 
be dialed. 
Figure 
8 shows 
the 
major 
blocks 
of the MPU interface 
section 
and the in- 
terconnections 
between 
the 
keypad 
interface, 
DTMF 
generator 
and microprocessor. 
Each button 
of a 12 or 
16 number 
keypad 
is represented 
by a four-bit 
code 
(Figure 
2). This four-bit 
code is used to load the pro- 
grammable 
counters 
to generate 
the appropriate 
row 
and column 
tones. The code is transferred 
serially 
to or 
from 
the 
microprocessor 
when 
the 
shift 
register 
is 


Mute Signal to 
Speech Network 


and 
Line 
Inteliace Circuit 


clocked 
by 
the 
microprocessor. 
Data 
is transferred 
through 
the 110 terminal, 
and the direction 
of data flow 


is determined 
by the Data Direction 
(DO) input terminal. 


In the manual 
dialing 
mode, 
DO is a Logic "0" 
and the 


four-bit 
code from 
the keypad 
is fed to the DTMF gen- 


erator by the digital 
multiplexer 
and also output 
on the 


110 terminal 
through 
the four-bit 
shift register. 
The data 


sequence 
on the 
110 terminal 
is B3, B2, B1, Bo and is 
transferred 
on the negative 
edge of the clock input (CL). 


In this mode the shift register 
load enable circuit 
cycles 


the register 
between 
the load and read modes such that 


multiple 
read cycles may be run for a single-key 
closure. 


Six complete 
clock cycles 
are required 
to output 
data 


from the ETC and reload the register 
for a second 
look. 


In the automatic 
dialing 
mode, DO is a Logic "1" 
and 
the four-bit 
code is serially 
entered 
in the sequence 
B3, 


B2, B1, BOinto the four-bit 
shift register. Thus, only four 


clock cycles are required 
to transfer 
a number 
into the 


ETC. The keypad 
is disabled 
in this mode. A Logic "1" 


on the Tone Output 
(TO) will 
disable tone outputs 
until 
valid data from 
the microprocessor 
is in place. Subse- 
quently 
TO is switched 
to a Logic 
"0" 
to enable 
the 


DTMF generator. 
Figures 9 and 10 show the timing 
wav- 


eforms 
for 
the 
manual 
and automatic 
dialing 
modes 


and Table 2 specifies 
timing 
limitations. 


The keypad decoder's 
exclusive 
OR circuit 
generates 
the DP and MS output 
signals. 
The DP output 
indicates 
(when 
at a Logic 
"1") 
that 
one, and only 
one, 
key is 


depressed, 
thereby 
indicating 
valid data is available 
to 
the MPU. The OP output 
can additionally 
be used to 
initiate 
a data transfer 
sequence to the microprocessor. 


The MS output (when at a Logic "''') 
indicates the OTMF 
generator 
is enabled 
and the speech network 
is muted. 


Pin A + is to be connected 
to a source 
of 2.5 to , a 
volts (generally 
from 
the microprocessor 
circuit) to en- 
able the pullup 
circuits 
on the microprocessor 
interface 
outputs 
(OP, MS, 
I/O). Additionally, 
this 
voltage 
will 


power 
the entire 
circuitry 
(except Tone Ringer) 
in the 
absence of voltage 
at V +. This permits 
use of the trans- 
mit and receive amplifiers, 
keypad interface, 
and OTMF 
generator 
for non-typical 
telephone 
functions. 


See Figure 
45 for 
a typical 
interconnection 
to 
an 
MC682' 
PIA (Peripheral 
Interface Adapter). 
Connection 
to a port on any other class of microprocessor 
will 
be 
similar. 
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DTMF 
Tone Output 
Standard 
Frequency with 
% Deviation 
(Hz) 
500 kHz Oscillator 
from Standard 


Row 1 
697 
696.4 
-0.086 
Row 2 
770 
769.2 
-0.104 
Row 3 
852 
853.2 
+0.141 
Row 4 
941 
939.8 
-0.128 


Column 1 
1209 
1207.7 
-0.108 
Column 2 
1336 
1336.9 
+0.067 
Column 3 
1477 
1479.3 
+0.156 
Column 4 
1633 
1634.0 
+0.061 


Symbol 
Parameter 
Min 
Typ 
Ma" Unit 
Ref 


fCL 
Clock Frequency 
0 
20 
30 
kHz 
tH 
Clock High Time 
15 - 
- 
/,-s 
Figs. 
9,10 
tL 
Clock Low Time 
15 
- 
- 
/,-S 
Figs. 
9,10 
tr,lf 
Clock Rise, Fall Time 
- 
- 
2.0 
!J.S 
tDV 
Clock Transition 
to 
- 
- 
10 
!J.S 
Fig. 9 
Data Valid 
tDPCL 
Time from DP High 
20 
- 
- 
!J.S 
Fig. 9 
to CL Low 
tDOCL 
Time from DO High 
20 
- 
- 
!J.S 
Fig. 10 
to CL Low 
tDS 
Data Selup Time 
10 
- 
- 
!J.S 
Fig. 10 
tDH 
Data Hold Time 
10 
- 
- 
!J.S 
Fig. 10 
tCLTO 
Time from CL Low 
10 
- - 
!J.S 
Fig. 10 
to TO Low 
!TODD 
Time from TO High 
20 
- 
- 
!J.S 
Fig. 10 
to DO High 


PIN 
PIN 
(PLCC) 
(DIP) 
Designation 
Function 


1-4 
1-4 
R1-R4 
Keypad inputs for Rows 1through 4. When open, internal 8.0 kfi resistors pull up the row inputs 
to a regulated (~0.5 volt) supply. In normal operation, a row and a column input are connected 
through a SPSTswitch by the telephone keypad. Row inputs can also be activated by a Logic 
"0" «250 
mY) from a microprocessor port. 


7-10 
5-8 
Cl-C4 
Keypad inputs for Columns 1 through 4. When open, internal 8.0 kfi resistors pull down the 
column 
inputs 
to 
V -. 
In normal 
operation, 
connecting 
any 
column 
input 
to 
any 
row 
input 
produces the respective row and column DTMF tones. In addition to being connected to a row 
input, column inputs can be activated by a Logic "1" (>250 mV and <1.0 volt). 


11 
9 
DP 
DepressedPushbutton (Output) - 
Normally low; A Logic "1" indicates one and only one, button 
of the DTMF keypad is depressed. 


12 
10 
TO 
Tone Output (Input) - 
When a Logic "1," disables the DTMFgenerator. Keypad is not disabled. 


13 
11 
MS 
Mute/Single Tone (Output) - 
A Logic "1" indicates the tone generator is enabled. A Logic "0" 
indicates 
tone 
generator 
is disabled. 


14 
12 
A+ 
MPU Power Supply (Input) - 
Enables pullups 
on the microprocessor 
section outputs. 
Additionally, this voltage will power the entire circuit (except Tone Ringer) in the absence of 
voltage at V + . 


15 
13 
I/O 
Input/Output 
- 
Serial Input or Output 
data (determined 
by DO input) to or from 
the 
microprocessor 
for storing 
or retrieving 
telephone 
numbers. 
Guaranteed 
to be a Logic 
"'" 
on 
powerup if DO ~ Logic "0." 


16 
14 
DO 
Data Direction (Input) - 
Determines direction of data flow through I/O pin. As a Logic "1," I/O 
is 
an 
input to the DTMF generator. As a Logic "0," 
I/O outputs keypad entries to the 
microprocessor. 


17 
15 
CL 
Clock (Input) - 
Serially shifts data in or out of I/O pin. Data is transferred on negative edge 
typically at 20 kHz. 


18,19 
16,17 
CR1,CR2 
Ceramic Resonator oscillator input and feedback terminals, respectively. The DTMF dialer is 
intended 
to operate 
with 
a 500 
kHz ceramic 
resonator 
from 
which 
row 
and 
column 
tones 
are 
synthesized. 


31 
28 
CAL 
Amplitude CAlibration terminal for DTMF dialer. Resistor R14from the CAL pin to V - controls 
the DTMF output signal level at Tip and Ring. 


38 
35 
FB 
FeedBack terminal for DTMF output. Capacitor C14 connected from FB to V + provides ac 
feedback to reduce the output impedance to Tip and Ring when tone dialing. 


32 
29 
VR 
Voltage Regulator output terminal. VR is the output of a 1.1volt voltage regulator which supplies 
power to the speech network amplifiers and DTMF generator during signaling. To improve 
regulator 
efficiency 
at low 
line current 
conditions. 
an external 
PNP pass-transistor 
T1 is used 
in 
the regulator circuit. Capacitor C9frequency compensatesthe VRregulator to prevent oscillation. 


36 
33 
BP 
Base of a PNP Pass-transistor. 
Under 
long-loop 
conditions 
where 
low line voltages 
would 
cause 
VR to fall below 1.1 volts, BP drives the PNPtransistor Tl into saturation, thereby minimizing 
the voltage drop across the pass transistor. At line voltages which maintain VR above 1.1volts, 
BP biases Tl in the linear region thereby regulating the VR voltage. Transistor T1 also couples 
the ac speech signals from the transmit amplifier to Tip and Ring at V+. 


37 
34 
V+ 
The more positive input to the regulator, speech, and DTMF sections connected to Tip and Ring 
through the polarity guard diode bridge. 


33 
30 
V- 
The de common (more negative input) connected to Tip and Ring through the polarity guard 
bridge. 


35 
32 
LR 
DCLoad Resistor.Resistor R4from LRto V - determines the de input resistance at Tip and Ring. 
This resistor is external not only to enable programming the de resistance but also to avoid 
high on-chip power dissipation with short telephone lines. It acts as a shunt load conducting 
the excess de line current. At low line voltages «3.0 volts), no current flows through LA. 


34 
31 
LC 
DC Load Capacitor. Capacitor Cll 
from LC to V - 
forms a low-pass filter which prevents the 
resistor at LRfrom loading ac speech and DTMF signals. 


22 
20 
MIC 
MICrophone negative supply terminal. The de current from the electret microphone is returned 
to V - through the MICterminal which is connected to the collector of an on-<:hipNPN transistor. 
The base of this transistor is controlled either internally by the mute signal from the DTMF 
generator, or externally by the logic input pin MM. 


111 


PIN 
PIN 
(PLCC) 
(DIP) 
Designation 
Function 


20 
18 
MM 
Microphone Mute. The MM pin provides a means to mute the microphone in response to a 
digital control signal. When this pin is connected to a Logic "1" (>2.0 V) the microphone de 
return path through the MIC terminal is disabled. 


25 
22 
TXI 
Transmit amplifier Input. TXI is the input to the transmit amplifier from an electret microphone. 
AC coupling capacitors allow the de offset at TXI to be maintained approximately 0.6 V above 
V - 
by feedback through resistor R11from TXO. 


24 
21 
TXL 
Transmit 
Input 
Limiter. 
An internal 
variable 
resistance 
element 
at the TXL terminal 
controls 
the 
transminer input level to prevent clipping with high signal levels. Coupling capacitors C4 and 
C5 prevent de current flow through TXL. The ·dynamic range of the transmit peak limiter is 
controlled by resistors R12 and R13. 


26 
23 
TXO 
Transmit Amplifier Output. The transmit amplifier output drives ac current through the voltage 
regulator pass-transistor T1 via resistor R10. The de bias voltage at TXO is typically 0.6 volts 
above V-. 
The transmit amplifier gain is controlled by the R11/(R127- R13) ratio. 


21 
19 
AGC 
Automatic Gain Control low-pass filter terminal. Capacitor C3 connected between AGC and VR 
sets the attack 
and decay 
time 
of the transmit 
limiter 
circuit. 
This capacitor 
also aids in reducing 
clicks 
in the 
receiver 
due to hook-switch 
transients 
and 
DTMF 
on/off 
transients. 
In conjunction 
with - internal 
resistors, C3 (1.0 I-'FI forms a timer which mutes the receiver amplifier 
for 
approximately 20 milliseconds after the user goes off-hook or releases a DTMF Key. 


30 
27 
RXO 
ReceiverAmplifier Output. This terminal is connected to the open-collector NPNoutput transistor 
of the 
receiver 
amplifier. 
DC bias current 
for the 
output 
device 
is sourced 
through 
the 
receiver 
from VR. The bias voltage at RXO is typically 0.6 volts above the V -. Capacitor C10 from RXO 
to VA provides 
frequency 
compensation 
for the 
receiver 
amplifier. 


29 
26 
RXI 
Receiver 
Amplifier 
Input. 
RXI 
is the 
input 
terminal 
of the 
receiver 
amplifier 
which 
is driven 
by 
ac signals from V+ and STA. Input coupling capacitor C8allows RXlto be biased approximately 
0.6 volts above the V- 
via feedback resistor R6. 


28 
25 
RM 
Receiver 
Amplifier 
Mute. 
A 
switched 
resistance 
at the 
RM 
terminal 
attenuates 
the 
receiver 
amplifier input signal produced by DTMFdialing tones at V+. RM also mutes clicks atthe receiver 
which result from keypad or hook switch transitions. The ac resistance at RM is typically 540 n 
in the mute mode and 200 kn otherwise. Coupling capacitors C7and C8prevent de current flow 
through RM. 


27 
24 
STA 
SideTone Amplifier output. STA is the output of the sidetone inverter amplifier whose input is 
driven by the transmit signal at TXO. The inverted transmit signal from STA subtracts from the 
receiver 
amplifier 
input 
current 
from 
V +. thus 
reducing 
the 
receiver 
sidetone 
level. 
Since 
the 
transmined signal at V+ is phase shifted with respect to TXO by the reactive impedance of the 
phone line. the signal from STA must be similarly phase-shifted in order to provide adequate 
sidetone reduction. This phase relationship between the transmit signal at TXO and the sidetone 
cancellation signal from STA is controlled by R8. R9. and C6. 


41 
37 
TRS 
Tone Ringer Input Sense. TRS is the most positive input terminal of the tone ringer and the 
reference for the threshold detector. 


42 
38 
TRI 
Tone 
Ringer 
Input 
terminal. 
TRI is the 
positive 
supply 
voltage 
terminal 
for tone 
ringer 
circuitry. 


Current is supplied to TRlthrough 
resistor R2.When the average voltage across R2exceeds an 
internal reference voltage (typically 1.6 volts) the tone ringer output is enabled. 


44 
40 
TRF 
Tone Ringer Input Filter capacitor terminal. Capacitor C16 connected from TRFto TRS forms a 
low-pass filter. This filter averages the signal across resistor R2 and presents this de voltage to 
the input of the threshold detector. Line voltage transients are rejected if the duration 
is 


insufficient to charge C16 to 1.6 volts. 
40 
36 
TRC 
Tone 
Ringer 
oscillator 
Capacitor 
and 
resistor 
terminal. 
The 
relaxation 
oscillator 
frequency 
fo is 
set br resistor R3 and capacitor C13 connected from TRC to V -. Typically, fo = (R3C13 + 8.0 
/Lsl- 
. 


43 
39 
TRO 
Tone Ringer Output terminal. The frequency of the square wave output signal at TRO alternates 
from fo/8 to fo/10 at a warble rate of fo/640. 
Typical output frequencies are 1000 Hz and 800 Hz 
with a 12.5 Hz warble rate. TRO sources or sinks up to 20 mA to produce an output voltage 
swing 
of 18 volts 
peak-to-peak 
across 
the 
piezo 
transducer. 
Tone 
ringer 
volume 
control 
can be 
implemented 
by a variable 
resistor 
in series 
with 
the 
piezo 
transducer. 


ELECTRICAL 
CHARACTERISTICS 
(T A = 2soCl 


KEYPAD INTERFACE 
CIRCUIT 


Test 


Characteristic 
Method 
Symbol 
Min 
Typ 
Max 
Unit 


Row 
Input 
Pullup 
Resistance 
7 
RRm 
4.0 
8.0 
l' 
kll 


mth 
Row Terminal: 
m = 1,2,3,4 


Column 
Input 
Pulldown 
Resistance 
8 
RCn 
4.0 
8.0 
11 
kll 


nth 
Column 
Terminal: 
n ~ 
1,2,3,4 


Ratio 
of Row-to-Column 
Input 
Resistances 
7&8 
Km,n 
0.88 
1.0 
1.12 
- 


Km,n 
~ 
RRm, 
m 
~ 
1,2,3,4 


RCn 
n = 
1.2,3,4 


Row Terminal 
Open 
Circuit 
Voltage 
7a 
VROC 
280 
380 
500 
mVdc 


Row Threshold 
Voltage 
for 
mth 
9 
VRm 
0.70 VROC 
- 
- 
Vdc 


Row Terminal: 
m = 1,2,3,4 


Column 
Threshold 
Voltage 
for 
nth 
10 
VCn 
- 
- 
0.39 VROC 
Vdc 
Column 
Terminal: 
n = 1,2,3,4 


Voltage 
Regulator 
Output 
29 
VR/A. 
0.95 
1.' 
1.3 
V 
A + 
Regulator 


A + 
Input 
Current 
Off-Hook 
28a 
IAloff) 
300 
500 
700 
!LA 


A + Input 
Current 
On-Hook 
28b 
IA(onl 
4.0 
6.0 
9.0 
mA 


Input 
Resistance 
100, 
TO, CL) 
30 
Rin 
50 
100 
150 
kll 


Input 
Current 
(1/0) 
31 
'in 
- 
80 
200 
!LA 


Input 
High 
Voltage 
(DO, TO, CL, I/O) 
- 
VIH 
2.0 
- 
A+ 
V 


Input 
Low 
Voltage 
100, 
TO, CL, 1/01 
- 
VIL 
- 
- 
0.8 
V 


Output 
High 
Voltage 
IMS, 
OP, I/O) 
32 
VOH 
2.4 
4.0 
- 
V 


Output 
Low 
Voltage 
(MS, 
OP, 1/01 
33 
VOL 
- 
0.1 
0.4 
V 


Voltage 
Regulator 
Output 
1a 
VR 
1.0 
1.1 
1.2 
Volts 


V + Current 
in OTMF 
Mode 
2a 
lOT 
8.0 
12 
14 
mA 


Change 
in lOT with 
Change 
in V + Voltage 
2b 
dlOT 
- 
0.8 
2.0 
mA 


V + Current 
in Speech 
Mode 
ISp 
mA 
V+ 
= 1.7 V 
lb 
3.5 
5.0 
7.0 
V+ 
= 5.0 V 
lc 
8.0 
11 
15 


Speech 
to OTMF 
Mode 
Current 
Difference 
3 
dlTR 
-2.0 
2.0 
3.5 
mA 


LR Level 
Shift 
dVLR 
Vdc 
V+ 
= 5.0V,ILR 
~ 
10mA 
4a 
2.5 
2.9 
3.5 
V+ 
= 18V,ILR 
~ 
110mA 
4b 
2.8 
3.3 
4.0 


LC Terminal 
Resistance 
5 
RLC 
30 
50 
75 
kll 


Load 
Regulation 
6 
dVR 
-20 
-6.0 
20 
mVdc 


II 


•• 


Test 


Characteristic 
Method 
Symbol 
Min 
Typ 
Max 
Unit 


MIC 
Terminal 
Saturation 
Voltage 
20 
VMIC 
- 
60 
125 
mVdc 


MIC 
Terminal 
Leakage 
Current 
21a 
IMIC 
- 
0.0 
5.0 
IJ.A 


MM 
Terminal 
Input 
Resistance 
21b 
RMM 
50 
100 
170 
kfi 


TXO 
Terminal 
Bias 
22a 
BTXO 
0.46 
0.53 
0.62 
- 


TXI 
Terminal 
Input 
Bias 
Current 
22b 
ITXI 
- 
50 
250 
nA 


TXO 
Terminal 
Positive 
Swing 
22c 
VTXO(+) 
- 
25 
60 
mVdc 


TXO 
Terminal 
Negative 
Swing 
22d 
VTXO(-) 
- 
130 
200 
mVdc 


Transmit 
Amplifier 
Closed-Loop 
Gain 
23a 
GTX 
16.5 
19 
20 
VN 


Sideto.ne 
Amplifier 
Gain 
23b 
GSTA 
0.41 
0.45 
0.55 
VN 


STA 
Terminal 
Output 
Current 
24 
ISTA 
50 
100 
250 
IJ.A 


RXO 
Terminal 
Bias 
25a 
BRXO 
0.46 
0.62 
0.62 
- 


RXI Terminal 
Input 
Bias 
Current 
25b 
IRXI 
- 
100 
400 
nA 


RXO 
Terminal 
Positive 
Swing 
25c 
VRXO(+) 
- 
1.0 
20 
mVdc 


RXO 
Terminal 
Negative 
Swing 
25d 
VRXO(-) 
- 
40 
100 
mVdc 


TXL 
Terminal 
OFF Resistance 
26a 
RTXLIOFF) 
125 
200 
300 
kfi 


TXL 
Terminal 
ON 
Resistance 
26b 
RTXL(ON) 
- 
20 
100 
fi 


RM Terminal 
OFF Resistance 
27a 
RRM(OFF) 
125 
180 
300 
kfi 


RM Terminal 
ON 
Resistance 
27b 
RRMION) 
410 
570 
770 
fi 


Row 
Tone 
Frequency 
Row 
1 
11a, 
11b 
fRm 
692.9 
696.4 
699.9 
Hz 
Row 
2 
765.3 
769.2 
773.0 


Row 
3 
848.9 
853.2 
857.5 


Row 
4 
935.1 
939.8 
944.5 


Column 
Tone 
Frequency 
Column 
1 
11c,11d 
fCn 
1201.6 
1207.7 
1213.7 
Hz 
Column 
2 
1330.2 
1336.9 
1343.6 


Column 
3 
1471.9 
1479.3 
1486.7 


Column 
4 
1625.2 
1633.4 
1641.5 


Row 
Tone 
Amplitude 
'1e 
VRow 
0.34 
0.39 
0.50 
Vrms 


Column 
Tone 
Amplitude 
111 
VCol 
0.43 
0.48 
0.62 
Vrms 


Column 
Tone 
Pre-emphasis 
11g 
dBCR 
0.5 
1.8 
3.0 
dB 


DTMF 
Distortion 
12 
% Dis 
- 
4.0 
6.0 
% 


DTMF 
Output 
Resistance 
13 
Ro 
1.0 
2.5 
3.0 
kfi 


Test 
Characteristic 
Method 
Symbol 
Min 
Typ 
Max' 
Unit 


TRI Terminal Voltage 
14 
VTRI 
20 
21.5 
23 
Vdc 


TRS Terminal 
Input Current 
'TRS 
VTRS = 24 volts 
15a 
70 
120 
170 
p.A 


VTRS = 30 volts 
15b 
0.4 
0.8 
1.5 
mA 


TRF Threshold 
Voltage 
16a 
VTRF 
1.2 
1.6 
1.9 
Vdc 


TRF Threshold 
Hysteresis 
16b 
tNTRF 
100 
200 
400 
mVdc 


TRF Filter Resistance 
17 
RTRF 
30 
50 
75 
kG 


High Tone Frequency 
18 
fH 
920 
1000 
1080 
Hz 


Low Tone Frequency 
18 
fL 
736 
800 
864 
Hz 


Warble Frequency 
18 
tw 
11.5 
12.5 
13.5 
Hz 


Tone Ringer Output Voltage 
19 
Vo(p_p) 
18 
20 
22 
Vp-p 


FIGURE 11 - 
GENERAL TEST CIRCUIT 


40 
Rl 
TRF 


2 
R2 
TRo 


3 
R3 
TRI 


4 
R4 
TRS 
37 


5 
Cl 
TRC 
36 


6 
C2 
FB 
35 


V+ 
34 
C3 


8 
BP 
33 
C4 


9 
D.U.T. 
32 
DP 
LR 


10 
TO 
31 
LC 


11 
MS 
V- 
30 


12 
A+ 
29 
VR 
+ 
13 
28 
110 
CAL 
0.047 1 
2 


. 
0 
14 DO 
27 
RXO 


15 
26 
100 k 
IT 
RXI 
2.0 k 
510 
16 
CRl 
25 
RM 
100 PF 


r 
*= 
17 
24 
CR2 
STA 
r 100 pF 
1B 
MM 
TXo 
23 


19 
22 
200 k 
AGC 
TXI 
TXAC 
20 
21 
10 k 
r°.o1 
MIC 
TXL 


Notes: 
1. ·Selected 
ceramic 
resonator: 
500 kHz :!: 2.0 kHz. 
2. Capacitances 
in J.LF unless noted. 


3. All resistances 
in ohms. 


4. Pin outs shown 
are for the 40 pin DIP. 


II 


II 


34 
ISp 


+ 
...l. Vs 


General 
- 
Test 
29 
Circuit 
VR 


a. 
Measure 
VA with Vs = 1.7 V 


b. 
Measure 
ISp with 
Vs 
~ 1.7 V 


c. 
Measure 
ISp with 
Vs 
~ 5.0 V 


General 
Test 
Circuit 


With 
5, 
open 
measure 
ITR. Close 5, 
and again 
measure 


ITR. Calculate: 


dlTR = ITR I - 
ITRI 
S1 
S1 
Closed 
Open 


General 
Test 
Circuit 


a. 
Measure 
lOT with 
Vs 
~ 11.5 V 


b. 
Measure 
lOT with 
Vs 
~ 26 V. Calculate 


dlOT 
~ IDT I - 
IDTI 


26V 
11.5V 


General 
Test 
Circuit 


a. 
Set Vs = 5.0 V and ILR ~ 10 mA. Measure 
VLR. 
Calculate 
dVLR = Vs 
- 
VLR 


b. 
Repeat Test4a 
with 
Vs 
= 18 V and ILR ~ 110 mA 


( 


1 


IRm 


General 


Test 
Circuit 


With 
5, 
open 
measure 
VLC. 


Close 5, 
and measure 
ILe. 


Calculate: 


5.0 - 
VLC 
RLC = --IL-C-- 


General 
Test 
Circuit 


a. 
Set 5, 
to Terminal 
2 and measure 
voltage 
at Terminal 
1 
(VRDC)· 


b. Set 5, 
to Terminal 
1 (m = 1) and measure 
IR1. Calculate: 


RR1 ~ VRDC 
.;. IR1 


c,d,e. 
Repeat 
Test 7b for 
m = 2.3,4. 


General 


Test 


Circuit 


Set IBP ~ 0.0 J<A and 
measure 
VR· 


Set IBP ~ 
150 J<A and 
measure 
VR. Calculate: 


6VR 
= VRI 
- 
VRI 


0.0 
J<A 
'50 J<A 


S1 


~ 


~OV 


General 


Test 
Circuit 


a. 
Set 5, 
to Terminal 
5 (n = 1) and measure 
le1. Calculate: 


RC1 ~ 
1.0 V .;. ICl 


b.c,d. 
Repeat 
Test 8a for 
n = 2.3,4. 


II 


General 
Test 
Circuit 


a. 5et 5, 
to Terminal' 
1m ~ 11with 
V, 
~ '.0 Vdc. Verify 
VMIC is low 
IVMIC < 0.3 Vdc). Decrease V, to 0.70 VROC 
and verify 
VMIC switches 
high. (VMIC > 0.5 Vdc). VROC 
is obtained 
from "Test 7a. 


b,c,d. 
Repeat Test 9a for rows 2,3, and 4. 1m ~ 2,3,4) 


General 
Test 
Circuit 


a. 5et 5, to Terminal 
5 In ~ 11with V, = a Vdc. Verify 
VMIC is low (VMIC < 0.3 Vdc). Increase V, to 0.39 VROC 
and verify 
VMIC switches 
high, IVMIC > 0.5 Vdc). VROC 
is obtained 
from 
Test 7a. 


b,c,d. 
Repeat Test lOa for columns 
2,3, and 4. In ~ 2,3,4) 


General 
Test 
V + 


Circuit 


a. With V, = 0.0 V set 5, to Terminal' 
1m = ,) and 
measure 
frequency 
of tone at V +. 


b. Repeat Test" 
a for rows 
2,3 and 4. 1m ~ 2,3,4). 


c. 
With V, = '.0 V set 5, to Terminal 
5. In ~ 11and 
measure 
frequency 
of tone at V +. 


d. Repeat Test for columns 
2,3, and 4. In ~ 2,3,4). 


e. 
Set 51 to Terminal 
4 and V, 
= 0.0 V. Measure 
row tone 
amplitude 
at V + IVROW). 


f. 
Set 5, 
to Terminal 
8 and V, 
= 1.0 V. Measure 
column 
tone amplitude 
at V +. (VCOl). 


g. 
Using 
results of Tests 11e and 1H, calculate: 


VCOl 
dBCR ~ 20 10910 
VROW 


General 
Test 


Circuit 


MeaslJre 
V + and V, 
with a true rms voltmeter. 
Calculate: 


V,(rms) 


%DIS 
~ V+(rmslx 
'00 


General 


Test 


Circuit 


General 
Test 


Circuit 


Measure 
IS at V, 
~ '.8 V and V, 
= 2.8 V. 


Calculate: 


Ro ~ 1.0V ';-[Isl - Isl 
] 


2.8V 
1.8V 


General 
Test 
Circuit 


a. Measure 
ITRS with V, 
~ 24 V. 


b. 
Measure 
ITRS with 
V, 
~ 30 V. 


II 


II 


General 
Test 
Circuit 


a. 
Increase 
V, 
from 
21 V until VTRO switches 
on. Note that 
VTAO will be an 16 Vpp 
square 
wave, 
Record this value 
of V1. Calculate: 


VTRF 
~ V1 
- 
20 V 


b. 
Decrease 
V, 
from 
its setting 
in Test 16a until VTAO 
ceases switching. 
Record this value 
of V,. 
Calculate: 


llVTRF 
~ V11- 
V11 
Test 
Test 
16a 
16b 


General 
Test 
Circuit 


0.01 I'F 


VDD 
200 k 


1 
16 
2 
15 


+ 
3 
14 
4 
IC2 ~; 
~OV 
5 
6 
l' 
7 
10 
8 
9 


General 
Test 
Circuit 


IC1 - 
MC14011B 
IC2 - 
MC14538B 


VDD 
= 12 V 


T1 - 
2N3904 


General 


Test 
Circuit 


Measure 
VTRO 
peak·to-peak 
voltage 
swing. 


Using 
VTRI from 
Test 
'4 
Calculate: 


Vo(p-p) 
~ VTRI 
- 
20 V + VTRO 


IMM 
18 


IMIC 
20 


+ 
+ 


General 
Test 


Circuit 


a. 
Set V, = 2.0 V and 
measure 
IMIC. 


b. 
Set V1 = 5.0 V and 
measure 
IMM. 


Calculate: 
RMM 
~ 5.0 V -;- IMM 


General 
Test 
Circuit 


34 


23 
VTXO 
+ 


General 
22 
l50V 


Test 
VTXI 
- 
Circuit 


~"t 
I 


a. 
With 
51 open, 
measure 
VTXO. 
Using VR obtained 
in Test 
1 Calculate: 
BTXO 
~ VTXO 
-;- VR 


b. 
With 
S, 
open. 
measure 
VTXO 
and VTXI. 
Calculate: 


ITXI 
= (VTXO 
- 
VTXI) 
-;- 200 kO 


c. 
Close 
S, 
and set I = - 10 pA. Measure 
VTXO. 
Calculate: 


VTXO( +) 
= VR - 
VTXO 
where 
VR is obtained 
from 


Test 
1. 


d. 
Close 
S, 
and set I ~ + 10 pA. Measure 
VTXO. 


VTXO( -) 
~ VTXO· 


II 


II 


General 
Test 
Circuit 


24 
VSTA 
+ 


23 
VTXiI-5.0 
V 


a. 
Set the generator 
for vi = 3.0 mVrms' 
Measure 
ac 


voltage 
VTXO' 
Calculate: 


GTX~~ 
vi 


b. 
Measure 
ac voltage 
VSTA- 
Using 
VTXO 
from 
Test 23a 
calculate: 


G 
-~ 
STA 
- 
VTXO 


General 
Test 
Circuit 


5'1 


~I 


a. 
With 
51 open, 
measure 
VRXO. 
Using VR obtained 
in Test 
" 
calculate: 
BRXO 
~ VRXO 
.;. VR· 


b. 
With 
5, 
open, 
Ineasure 
VRXO 
and VRXI. Calculate: 


IRXI = (VRXO 
- 
VRXt) 
.;. 100 kO 


c. 
Close 
51 and set I = 
-10"A. 
Measure 
VRXO. 
Using 
VR 
obtained 
in Test', 
calculate: 
VRXO 
1+1 = VR - 
VRXO. 


d. 
Close 
5, 
and set I ~ 
+ 10 "A 
and measure 
VRXO' 


VRXO( -) 
~ VRXO' 


General 
Test 


Circuit 


General 


Test 
Circuit 
5, 
2' 
A lO.4V 
,ls 
--l 
2'0I'F~~ 


1.0Vrms 
-. 
Vii 
'.0 kHz 
..J.... 


a. 
Set 51 to position 
A with 
52 open. 
Measure 
ITXL. 


Calculate: 
RTXL 
(OFF) 
~ 0.4 V .;. 'TXL. 


b. 
Set S1 to position 
8 and close 52- Measure 
at voltages 
Vi 


and VTXL. 
Calculate: 


RTXL 
ION I = ~V 
x 5.1 kO 
Vi - 
TXL 


General 
Test 
Circuit 
S, 
25 
A .r.4V 
t l~oY 


VRM~ 


~ 
2.0I'F~~ 


1.0 Vrms 
-.. -.tVi 


'.0 kHz 
a. 
With 
52 open and 51 in position 


A measure 
IRM. 
- 
-=- 


Calculate: 
RRM(OFF)=0.4 
V.,. 
IRM 


b. Close 52 and switch 
51 to position 
B. Measure 
ac 


voltages 
vi and VRM. 


Calculate: 
V 
RRM(ON) 
= ---"l!M...-v 


x 10 kO 


vi 
- 
RM 


General 
Test 
Circuit 


General 
Test 
Circuit 


a. 
Set V + = 
1.4 V. Measure 
IAIOFF) 


b. 
Set V + 
= 0.6 V. Measure 
IAION) 


General 
Test 
Circuit 


II 


II 


General 
Test 


Circuit 


General 
Test 
Circuit 


~ 
48 k 
50Vl 


777715 


a. Measure VOH at Pin 13. 
51 
55':! 
b. Close 51. measure VOH at Pin 11. 
1.:. 


c. Close 51 and 55. Measure VOH 
l1.0 V 
at Pin 9. 
-=- 
-=- 


FIGURE 
44 - 
TEST 
THIRTY-THREE 


12 


General 
-=- 
11 
Test 
+ 


13 
Circuit 
l50V 
r 


7 
14 


\Jl:V 
+ 


VIiOl 
0.8 V 


-=- 
7 
7 
I-It l- 
t '" 20 I"S 


a. 5et VOOto 0.8V Measure VOL voltages at Pins 9 and 11. 


b. Close 51. Force VI/O to 0.8 V and VOOto 2.0 V. Apply 
4 clock pulses to Pin 15. Open 51 and decrease VOOto 
0.8 V. Measure VOL at Pin 13. 


Figure 45 specifies a typical application circuit for the 
MC34010. Complete listings of external components are 
provided at the end of this section along with nominal 
component 
values. 


The hook switch and polarity guard bridge configu- 
ration 
in Figure 45 is one of several options. 
If !WO 
bridges are used, one for the tone ringer and the other 
for speech and dialer circuits, then the hook switch can 
be simplified. 
Component 
values should be varied to 
optimize telephone 
performance 
parameters for each 


application. 
The relationships 
between the application 
circuit components 
and certain telephone 
parameters 
are briefly described in the following: 


On-Hook Input Impedance 
R1, C17, and Z3 are the significant 
components 
for 
on-hook impedance. C17 dominates at low frequencies, 
R1at high frequencies and Z3 provides the non-linearity 
required for 2.5 V and 10 V impedance signature tests. 
Cl7 must generally be '" 1.0 p.Fto satisfy 5.0 Hz imped- 
ance specifications. 


Tone Ringer Output 
Frequencies 
R3 and C13 control 
the frequency 
(fo) of a relaxation 
oscillator. 
Typically 
fo = (R3C13 + 8.0 JLs)-l. 
The out- 
put tone frequencies 
are foll0 and fo/8. The warble 
rate 
is fo/640. The tone 
ringer 
will operate 
with 
fo from 
1.0 
kHz to 10 kHz. R3 should 
be limited 
to values 
between 
150 k and 300 k. 


Tone Ringer Input 
Threshold 
After 
Rl, C17, and Z3 are chosen 
to satisfy 
on-hook 


impedance 
specifications, 
R2 is chosen for the desired 
ring start threshold. 
Increasing 
R2 reduces the ac input 


voltage 
required 
to activate 
the tone ringer 
output. 
R2 
should 
be limited 
to values 
between 
0.8 k and 2.0 kn. 


Off·Hook 
DC Resistance 
R4 conducts 
the dc line current 
in excess of the speech 
and 
dialer 
bias 
current. 
Increasing 
R4 increases 
the 
input resistance 
of the telephone 
for line currents 
above 
10 mA. R4 should 
be selected between 
30 nand 
120 n. 


Off·Hook 
AC Impedance 
The ac input impedance 
is equal to the receive ampli- 
fier 
load 
impedance 
(at RXO) divided 
by the 
receive 


amplifier 
gain (voltage 
gain from 
V + to RXO). Increas- 
ing the impedance 
of the receiver 
increases the imped- 
ance of the telephone. 
Increasing the gain of the receiver 


amplifier 
decreases the impedance 
of the telephone. 


DTMF Output 
Amplitude 
R14 controls 
the amplitude 
of the row 
and column 
DTMF tones. Decreasing 
R14 increases the level of tones 
generated 
at V +. The ratio of the row and column 
tone 
amplitudes 
is internally 
fixed. 
R14 should 
be greater 


than 20 n to avoid excessive current 
in the DTMF output 
amplifier. 


Transmit 
Output 
Level 
Rl0 
controls 
the 
maximum 
signal 
amplitude 
pro- 
duced at V + by the transmit 
amplifier. 
Decreasing 
Rl0 


increases the transmit 
output 
signal at V +. Rl0 should 
be greater 
than 
220 n to limit 
current 
in the transmit 
amplifier 
output. 


Transmit 
Gain 
The gain from 
the microphone 
to the telephone 
line 


varies 
directly 
with 
Rll. 
Increasing 
Rll 
increases 
the 


signal applied 
to Rl0 and the ac current 
driven through 
Rl0 
to the telephone 
line. The closed 
loop-gain 
from 
the microphone 
to the TXO terminal 
should 
be greater 
than 10 to prevent 
transmit 
amplifier 
oscillations. 


Note: 
Adjustments 
to transmit 
level and gain are com- 


plicated 
by the addition 
of receiver sidetone 
cur- 
rent to the transmit 
amplifier 
output 
current 
at 
V +. 
Normally 
the 
sidetone 
current 
from 
the 
receiver 
will 
increase 
the transmit 
signal 
(if the 
current 
in the 
receiver 
is in phase with 
that 
in 
Rl0). Thus the transmit 
gain and sidetone 
levels 
cannot 
be adjusted 
independently. 


Receiver Gain 
Feedback resistor 
R6 adjusts 
the gain at the receiver 
amplifier. 
Increasing 
R6 increases the receiver amplifier 
gain. 


Sidetone 
Level 
Sidetone 
reduction 
is achieved 
by the cancellation 
of 
receiver amplifier 
input signals from R9 and R5. R8, R15, 
and C6 determine 
the 
phase of the sidetone 
balance 
signal 
in R9. The ac voltage 
at the junction 
of R8 and 
R9 should 
be 1800 out of phase with the voltage 
at V +. 


R9 is selected 
such 
that 
the 
signal 
current 
in R9 is 
slightly 
greater 
than 
that 
in R5. This 
insures 
that 
the 
sidetone 
current 
in the 
receiver 
adds to the transmit 
amplifier 
output 
current. 


Hook-Switch 
Click Suppression 
When the telephone 
is switched 
to the off-hook 
con- 
dition 
C3 charges from 0 volts to a 300 mV bias voltage. 


During this time interval, 
receiver clicks are suppressed 
by a low 
impedance 
at the 
RM terminal. 
If this 
click 
suppression 
mechanism 
is desired 
during 
a rapid 
succession 
of hook switch 
transitions, 
then C3 must be 
quickly 
discharged 
when the telephone 
is on-hook, 
R16 
and S3 provide 
a rapid discharge 
path for C3 to reset 
the click suppression 
timer. 
R16 is selected to limit the 
discharge 
current 
in S3 to prevent 
damage 
to switch 
contacts. 


Microprocessor 
Interface 
The six microprocessor 
interface 
lines (DP, TO, MS, 
DD, 1/0, and Cll 
can be connected 
directly 
to a port, as 
shown in Figure47. 
The DP line (Depressed Pushbutton) 
is also connected 
to an interrupt 
line to signal the micro- 
processor 
to begin a read data sequence 
when storing 
a number 
into 
memory. 
The 
MC34010A 
clock 
speed 
requirement 
is slow enough 
(typically 
20 kHz) so that it 
is not necessary to divide down the processor's 
system 
clock, but rather a port output 
can be toggled. 
This facil- 
itates synchronizing 
the clock and data transfer, 
elimi- 
nating the need for hardware 
to generate 
the clock. 


The DD pin must be maintained 
'at a Logic "0" 
when 
the microprocessor 
section is not in use, so as to permit 
normal 
operation 
of the keypad. 


When the microprocessor 
interface 
section 
is not in 
use, the supply 
voltage 
at Pin 12 (A+) 
may be discon- 
nected 
to conserve 
power. 
Normally 
the 
speech 
cir- 
cuitry 
is powered 
by the voltage 
supplied 
at the V + 


terminal 
(Pin 34) from 
the telephone 
lines. During 
this 
time, 
A + powers 
only the active 
pullups 
on the three' 


microprocessor 
outputs 
(DP, MS, and 1/0). When 
the 
telephone 
is "on-hook," 
and V + falls below 
0.6 volts, 
power 
is then 
supplied 
to the telephone 
speech 
and 
dialer circuitry 
from 
A +. Powering 
the circuit 
from 
the 
A+ 
pin permits 
communication 
with a microprocessor, 
andlor 
use of the transmit 
and receiver amplifiers, 
while 
the telephone 
is "on-hook." 
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DTMF Pad 
Row-Column 
Switch Closure , 
40 
+C16 
1 
2 
3 
R1 
TRF 
2 
TRO 
39 
4 
5 
6 
R2 
3 
38 
7 
8 
9 
R3 
TRI 
4 
37 
. 0 
# 
R4 
TRS 
5 
36 
C1 
TRC 
6 
35 
C2 
FB 
7 
34 
VCC 
C3 
V+ 
8 
33 
+5 
C4 
BP 
9 
32 
Data 
DP 
LR 
10 
MC34010 
MC682' 
'1 ro 
LC 


PIA 
MS 
V- 
MC6800 
VR 
System 
A+ 


Port 
I/O 
CAL 
A or B 
DO 
RXO 
Control 
a: 
RXI 
VSS 
CR1 
RM 


CR2 
STA 


MM 
TXO 
cic! 
AGC 
TXI 


':" 
MIC 
TXL 


C3 


+ 


R16 
S3 


S1, S2 controlled 
by hook switch; 
Illustrated 
in "on-hook" 


condition. 


EXTERNAL COMPONENTS 
(Component 
Labels 
Referenced 
to Figure 
45) 


Nominal 
Capacltora 
Value 
Oeserlplion 


C1, C2 
100 pF 
Ceramic Resonator oscillator capacitors. 


C3 
1.0 p.F,3.0 V 
Transmit limiter low-pass filter capacitor: controls attack and decay time of transmit peak limiter. 


C4,C5 
0.1 p.F 
Transmit amplifier input capacitors: prevent dc current flow into TXL pin and attenuate low-frequency 
noise on microphone lead. 


C6 
0.05 p.F 
Sidetone network capacitor: provides phase-shift in sidetone path to match that caused by telephone 
line reactance. 


C7,C8 
0.05 p.F 
Receiver amplifier input capacitors: prevent dc current flow into RM terminal and attenuates low frequency 
noise on the telephone line. 


C9 
2.2 p.F,3.0 V 
VR regulator capacitor: frequency compensates the VR regulator to prevent oscillation. 


C10 
0.01 p.F 
Receiver amplifier output capacitor: frequency compensates the receiver amplifier to prevent oscillation. 


C11 
0.1 p.F 
DC load filter capacitor: prevents the dc load circuit from attenuating ac signals on V + . 


C12 
0.01 p.F 
Telephone line bypass capacitor: terminates telephone line for high frequency signals and prevents 
oscillation in the VR regulator. 


C13 
620 pF 
Tone ringer oscillator capacitor: determines clock frequency for tone and warble frequency synthesizers. 


C14 
0.1 p.F 
DTMF output feedback capacitor: ac couples feedback around the DTMF output amplifier which reduces 
output impedance. 


C15 
4.7 p.F,25 V 
Tone ringer input capacitor: filters the rectified tone ringer input signal to smooth the supply potential 
for oscillator and output buffer. 


C16 
1.0 p.F, 10 V 
Tone ringer filter capacitor: integrates the voltage from current sense resistor R2 at the input of the 
threshold detector. 


C17 
1.0 p.F,250 Vac 
Tone ringer line capacitor: ac couples the tone ringer to the telephone line; partially controls the on- 
Non-polarized 
hook input impedance of telephone. 


Nominal 
Resistors 
Value 
Oeseriplion 


R1 
6.8 k 
Tone ringer input resistor: limits current into the tone ringer from transients on the telephone line and 
partially controls the on-hook impedance of the telephone. 


R2 
1.8 k 
Tone ringer current sense resistor: produces a voltage at the input of the threshold detector in proportion 
to the tone ringer input current. 


R3 
200 k 
Tone ringer oscillator resistor: determines the clock frequency for tone and warble frequency synthesizers. 


R4 
82,1.0 W 
DC load resistor: conducts all dc line current in excess of the current required for speech or dialing 
circuits; controls the off-hook de resistance of the telephone. 


R5,R7 
150k,56k 
Receiver amplitier input resistors: couple ac input signals from the telephone line to the receiver amplifier; 
signal in R5 subtracts from that in R9 to reduce sidetone in receiver. 


R6 
200 k 
Receiver amplifier feedback resistor: controls the gain of the receiver amplifier. 


R8,R9 
1.5 k, 30 k 
Sidetone network resistors: drive receiver amplifier input with the inverted output signal from the trans- 
mitter; phase of signal in R9 should be opposite that in R5. 


R10 
270 
Transmit amplifier load resistor: converts output voltage of transmit amplifier into a current that drives 
the telephone line; controls the maximum transmit level. 


R11 
200 k 
Transmit amplifier feedback resistor: controls the gain of the transmit amplifier. 


R12, R13 
4.7 k, 4.7 k 
Transmit amplifier input resistors: couple signal from microphone to transmit amplifier; control the dynamic 
range of the transmit peak limiter. 


R14 
36 
DTMF calibration resistor: controls the output amplitude of the DTMF dialer. 


R15 
2.0 k 
Sidetone network resistor (optional): reduces phase shift in sidetone network at high frequencies. 


R16 
100 
Hook switch click suppression current limit resistor (optional): limits current when 53 discharges C3 after 
switching to the on-hook condition. 


RX 
3.0 k 
Microphone bias resistor: sources current from VR to power a 2-terminal electret microphone; RX is not 
used with 3-terminal microphones. 
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Semiconductors 
Electret 
Mic 
Receiver 


Bl = 
MDA101A, or equivalent, 
2 Termin":, 
Primo EM-95 (Use RXI 
Primo Model DH-34 (300 !11 or equivalent 
or 4-1N4005 
or equivalent 


T1 ~ 2N4126 or equivalent 
3 Terminal, 
Primo 07A181P (Remove RX) 
Z1 = 18 V, 1.5 W, 1N5931A 
or equivalent 
Z2 ~ 30 V, 1.5 W, 1N5936A 
Z3 ~ 4.7 V, 1/2 W, 1N750 
XR - 
muRata Erie CSB 500 kHz 


Resonator, 
or equivalent 
Piezo - 
PBl 5030BC Toko Buzzer 


or equivalent 


® MOTOROLA 


• 
Provides 
All Basic Telephone 
Station 
Apparatus 
Functions 
in a 
Single IC, Including 
DTMF Dialer, Tone Ringer, Speech Network 
and Line Voltage 
Regulator 


• 
DTMF Generator 
Uses Low-Cost 
Ceramic Resonator 
with Accu- 
rate Frequency 
Synthesis 
Technique 


• 
Tone Ringer 
Drives 
Piezoelectric 
Transducer 
and Satisfies 
EIA 
RS-470 Impedance 
Signature 
Requirements 


• 
Speech 
Network 
Provides 
Two-Four 
Wire 
Conversion 
with 
Adjustable 
Sidetone 
Utilizing 
an Electret Transmitter 


• 
On-Chip 
Regulator 
Insures Stable Operation 
Over Wide Range 
of Loop Lengths 


• 
12L Technology 
Provides Low 1.4 Volt Operation 
and High Static 
Discharge 
Immunity 


• 
Equalization 
Provided 
to Compensate 
for 
Long/Short 
Line 
Performance 


ELECTRONIC 
TELEPHONE 
CIRCUIT 


FN SUFFIX 
44-PIN 
PlCC 
CASE 777-01 


P SUFFIX 
PLASTIC 
PACKAGE 
CASE 711-03 


Pieza 
Sound 
Element 


2 
3 A 


5 
6 
B 


7 
8 
9 
C 
* 
0 
/I 
D 
Keypad 


I 
I 
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II 
I 
IL 
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Line 
Voltage 
Regu- 
lator 


•• 


Parameter 
Value 
Unit 


V+ TerminalVoltage(Pin34) 
+18, -1.0 
V 


VRTerminalVoltage(Pin29) 
+2.0, -1.0 
V 


RXOTerminalVoltage(pin 271 
+2.0, -1.0 
V 


TRSTerminalVoltage(Pin37) 
+35, -1.0 
V 


TRQ (With 
Tone Ringer 
Inactive) 
Terminal 
Voltage 
+2.0, -1.0 
V 


R1-R4TerminalCurrent(Pins1-4) 
±100 
mA 
Cl-C4 
(Pins5-8) 


Operating 
Ambient 
Temperature 
Range 
-20 to +60 
°C 


Storage 
Temperature 
Range 
-65 to + 150 
°C 


Introduction 
The MC34011A Electronic Tel€phone 
Circuit 
(ETC) 
provide all the necessary elements of a tone dialing 
telephone in a single IC. The functional 
blocks of the 
ETC include the DTMF dialer, speech network, tone 
ringer, and de line interface circuit (Figure 1). 
Low voltage operation is a necessity for telephones 
in networks where parallel telephone connections are 
common. 
An electronic speech network operating 
in 
parallel with a conventional telephone may receive line 
voltages 
below 
2.5 volts. 
DTMF dialers 
operate 
at 
similarly 
low-line 
voltages 
when 
signaling 
through 
battery powered station carrier equipment. These low 
voltage requirements have been addressed by realizing 
the 
MC34011A 
in a bipolarll2L 
technology 
with 
appropriate circuit techniques. The resulting speech and 
dialer 
circuits 
maintain 
specified 
performance 
with 
instantaneous input voltage as low as 1.4 volts. 
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Line Voltage Regulator 
The de line interface circuit (Figure 3) determines the 
de input characteristic of the telephone. At low input 
voltages 
(less than 3 volts) the ETC draws only the 
speech 
and dialer 
bias currents 
through 
the VR 
regulator. As input voltage increases, Q1 conducts the 
excess de line current through resistor R4. The 1.5 volt 
level shift prevents saturation of Q2 with telephone line 
signals up to 2.0 volts peak (+ 5.2 dBm). A constant 
current (dummy load) is switched off when the DTMF 
dialer is activated to reduce line current 
transients. 
Figure 4 illustrates the de voltage/current characteristic 
of an MC34011A telephone. 
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Speech Network 
The speech network (Figure 5) provides the two-to- 
four wire interface between the telephone line and the 
instrument's 
transmitter 
and receiver. An electret mi- 


crophone biased from VR drives the transmit amplifier. 
For very loud talkers, the peak limiter 
circuit reduces 
the transmit 
input level to maintain low distortion. 
The 
transmit 
amplifier 
output signal is inverted at the STA 
terminal and driven through an external R-C network to 
control the receiver sidetone level. The switched ac re- 
sistance 
at the RM terminal 
reduces receiver signal 
when dialing and suppresses clicks due to hook or key- 


pad switch transitions. 
When transmitting, 
audio signal 
currents (iTXO and iRXO) flow through the voltage reg- 
ulator pass transistor 
(Tl) to drive the telephone 
line. 


This feature has two consequences: 
1) In the transmit- 
ting mode the receiver sidetone current iRXO contrib- 
utes to the total signal on the line along with 
iTXO; 


2) The ac impedance of the telephone is determined 
by 
the receiver impedance and the voltage gain from the 
line to the receiver amplifier 
output. 


Equalization 
Circuit 
The equalization 
circuit varies the transmit, 
receive 
and sidetone gains with loop current to compensate for 
losses in long 
lines. The LR terminal 
voltage 
varies 
directly as the de loop current. The equalization circuit 
senses this voltage and switches in external resistors 
between V+ and V - 
and across capacitor C6 (Figure 
5) when the loop current exceeds a threshold level. The 
speech network operates with full transmit, receive and 
sidetone gains for long loops. On short loops the LR 
voltage 
exceeds the threshold 
and these gains 
are 
reduced. 
The threshold 
detection 
circuit 
has a de 
hysteresis to prevent distortion 
of speech signals when 
the telephone is operated at the threshold current. The 
equalization 
is disabled 
(gains at full 
value) 
during 
dialing. 


DTMF Dialer 
Keypad interface comparators activate the DTMF row 
and column tone generators (Figure 6) when a row and 
column 
input are connected through 
a SPST keypad. 
The keypad 
interface 
is designed 
to function 
with 
contact resistances up to 1.0 kil and leakage resistances 
as low as 150 kil. 
Single tones may be initiated 
by 
depressing two keys in the same row or column. 
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The programmable counters employ a novel design 
to produce non-integer frequency ratios. The various 
DTMF tones are synthesized with frequency division 
errors less than 
=0.16% (Table 1). Consequently an 
inexpensive ceramic resonator can be used instead of 
a quartz crystal as the DTMF frequency reference. Total 


frequency error less than = 0.8% can be achieved with 
=0.3% ceramic resonator. The row and column 
D/A 
converters 
produce 
16-step approximations 
of sinu- 
soidal 
waveforms. 
Feedback through 
terminal 
FB 
reduces the DTMF output impedance to approximately 
2.0 kn to satisfy return loss specifications. 
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Tone Ringer 
The tone 
ringer 
(Figure 
7) generates 
a warbling 
square wave output 
drive to a pielo 
sound element 
when 
the ac line voltage 
exceeds a predetermined 
threshold 
level. The threshold 
detector uses a current 
mode comparator 
to prevent on/off 
chatter when the 
output 
current 
reduces the voltage 
available 
at the 
ringer input. When the average current 
into the tone 
ringer exceeds the threshold 
level, the ringer output 
TRO commences 
driving 
the pielo 
transducer. 
This 
output current sourced from TRI increases the average 
current measured by the threshold detector. As a result, 
hysteresis is produced beween the tone ringer on and 
off thresholds. The output frequency at TRO alternates 
between 10/8and 10/10 at a warble rate of 10/640, where 
fo is the ringer oscillator frequency. 


DTMF 
Tone Output 
Standard 
Frequency with 
0/0 Deviation 
1Hz) 
500kHzOscillator 
from 
Standard 


Row 1 
697 
696.4 
-0.086 
Row 2 
770 
769.2 
-0.104 
Row3 
852 
853.2 
+0.141 
Row4 
941 
939.8 
-0.128 


Column 
1 
1209 
1207.7 
-0.108 
Column 2 
1336 
1336.9 
+0.067 
Column 3 
1477 
1479.3 
+0.156 
Column 
4 
1633 
1634.0 
+0.061 


PIN 
PIN 
(PLCC) (DIP) 
Designation 
Function 


1-4 
1-4 
R1-R4 
Keypad inputs for Rows 1 through 
4. When open, internal 
8.0 kO:resistors 
pull up the row inputs 
to a regulated 
(=1.1 volt) supply. 
In normal 
operation, 
a row and a column 
input are connected 
through 
a SPST switch 
by the telephone 
keypad. 
Row inputs 
can also be activated 
by a Logic 


"0" 
«500 
mVI from 
a microprocessor 
port. 


7-10 
5-8 
C1-C4 
Keypad 
inputs 
for Columns 
1 through 
4. When 
open, 
internal 
8.0 kO resistors 
pull 
down 
the 
column 
inputs to V -. 
In normal operation, 
connecting 
any column 
input to any row input 
produces 
the respective 
row and column 
DTMF tones. 
In addition 
to being connected 
to a row 
input, column 
inputs 
can be activated 
by a Logic "1" 
(>600 
mV and <3.0 volt). 


5.6 
9-13 
NC 
No connection 
11-15, 
23,39 


16 
14 
ES 
Sidetone 
Equalization 
terminal 
connects 
an external 
resistor 
between 
the junction 
of RS. R9 and 
V -. At loop currents 
greater than the equalization 
threshold 
this resistor is switched 
in to reduce 
the sidetone 
level. The resistor 
is switched 
out during 
dialing. 


17 
15 
EV 
Voice Equalization 
terminal 
connects 
an external 
resistor 
between 
V + and V -, 
for loop length 
equalization. 
At loop currents 
greater 
than the equalization 
threshold 
this resistor 
is switched 
in to reduce the transmit 
and receive gains. The resistor 
is switched 
out during 
dialing. 


18,19 
16,17 
CR1,CR2 
Ceramic 
Resonator 
oscillator 
input 
and feedback 
terminals, 
respectively. 
The DTMF dialer 
is 
intended 
to operate 
with 
a 500 kHz ceramic 
resonator 
from 
which 
row and column 
tones 
are 
synthesized. 


20 
18 
MM 
Microphone 
Mute. The MM pin provides 
a means to mute the microphone 
and transmit 
amplifier 
in response 
to a digital 
control 
signal. 
When this pin is connected 
to a Logic ••, •. (>2.0 V) the 
microphone 
dc return 
path and the transmit 
amplifier 
output 
are disabled. 


21 
19 
AGC 
Automatic 
Gain Control 
low-pass 
filter 
terminal. 
Capacitor 
C3 connected 
between 
AGC and VR 
sets the attack and decay time of the transmit 
limiter 
circuit. 
This capacitor 
also aids in reducing 
clicks in the receiver 
due to hook-switch 
transients 
and DTMF on/off 
transients. 
In conjunction 
with 
internal 
resistors. 
C3 (1.0 I-LF) forms 
a timer 
which 
mutes 
the 
receiver 
amplifier 
for 
approximately 
20 milliseconds 
after the user goes off-hook 
or releases a DTMF Key. 


22 
20 
MIC 
Microphone 
negative 
supply 
terminal. 
The dc current 
from the electret 
microphone 
is returned 
to V - 
through 
the MIC terminal 
which 
is connected 
to the collector 
of an on-chip 
NPN transistor. 


The base of this transistor 
is controlled 
either 
internally 
by the mute 
signal 
from 
the 
DTMF 
generator, 
or externally 
by the logic input 
pin MM. 
24 
21 
TXL 
Transmit 
Input Limiter. 
An internal 
variable 
resistance 
element 
at the TXL terminal 
controls 
the 
transmitter 
input 
level to prevent 
clipping 
with 
high signal 
levels. Coupling 
capacitors 
C4 and 
C5 prevent 
dc current 
flow 
through 
TXL. The dynamic 
range 
of the transmit 
peak limiter 
is 
controlled 
by resistors 
R12 and R13. 


25 
22 
TXI 
Transmit 
amplifier 
Input. TXI is the input to the transmit 
amplifier 
from 
an electret 
microphone. 


AC coupling 
capacitors 
allow 
the dc offset at TXI to be maintained 
approximately 
0.6 V above 
V- by feedbackthrough resistor Rl1 from TXO. 


26 
23 
TXO 
Transmit 
Amplifier 
Output. 
The transmit 
amplifier 
output 
drives 
ac current 
through 
the voltage 
regulator 
pass-transistor 
T1 via resistor 
R10. The dc bias voltage 
at TXO is typically 
0.6 volts 
above V-. The transmit amplifier gain is controlled by the R111(R12+ R13)ratio. 


II 


II 


PIN 
PIN 
(PLCC) 
(DIP) 
Designation 
Function 


27 
24 
STA 
SideTone Amplifier 
output. 
STA is the output 
of the sidetone 
inverter 
amplifier 
whose 
input is 
driven 
by the transmit 
signal at TXO. The inverted 
transmit 
signal from 
STA subtracts 
from 
the 
receiver amplifier 
input current 
from 
V +. thus reducing 
the receiver sidetone 
level. Since the 
transmitted 
signal at V + is phase shihed with respect to TXO by the reactive impedance 
of the 
phone line, the signal from 
STA must be similarly 
phase·shifted 
in order to provide 
adequate 
sidetone 
reduction. 
This phase 
relationship 
between 
the transmit 
signal 
at TXO and the sidetone 
cancellation 
signal from 
STA is controlled 
by R8, R9, and C6. 


28 
25 
RM 
Receiver 
Amplifier 
Mute. 
A switched 
resistance 
at the 
RM terminal 
attenuates 
the 
receiver 
amplifier 
input signal produced 
by DTMF dialing tones at V +. RM also mutes clicks at the receiver 
which result from keypad or hook switch transitions. 
The ac resistance at RM is typically 
540 n 
in the mute mode and 200 kO otherwise. 
Coupling 
capacitors 
C7 and C8 prevent dc current flow 
through 
RM. 


29 
26 
RXI 
Receiver Amplifier 
Input. RXI is the input terminal 
of the receiver amplifier 
which 
is driven 
by 
ac signals from V + and STA. Input coupling 
capacitor C8 allows RXI to be biased approximately 
0.6 volts above the V - 
via feedback resistor 
R6. 


30 
27 
RXO 
Receiver Amplifier 
Output. This terminal 
is connected to the open-collector 
NPN output transistor 
of the receiver amplifier. 
DC bias current 
for the output 
device is sourced through 
the receiver 
from 
YR. The bias voltage 
at RXO is typically 
0.6 volts 
above 
the V -. 
Capacitor 
C10 from 
RXO 
to VR provides 
frequency 
compensation 
for the receiver amplifier. 


31 
28 
CAL 
Amplitude 
CAlibration 
terminal 
for DTMF dialer. Resistor R14 from the CAL pin to V ~ controls 
the DTMF output 
signal level at Tip and Ring. 


32 
29 
VR 
Voltage Regulator output terminal. 
VR is the output of a 1.1 volt voltage regulator 
which supplies 
power 
to the speech 
network 
amplifiers 
and DTMF generator 
during 
signaling. 
To improve 
regulator 
efficiency 
at low line current conditions, 
an external 
PNP pass-transistor 
Tl is used in 
the regulator circuit. Capacitor C9 frequency 
compensates the VR regulator to prevent oscillation. 


33 
30 
V- 
The dc common 
(more 
negative 
input) 
connected 
to Tip and Ring through 
the polarity 
guard 
bridge. 


34 
31 
LC 
DC Load Capacitor. 
Capacitor 
Cl1 from 
LC to V - 
forms 
a low-pass 
filter 
which 
prevents 
the 
resistor at LR from 
loading 
ac speech and DTMF signals. 


35 
32 
LR 
DC Load Resistor. Resistor R4 from LR to V - 
determines 
the dc input resistance at Tip and Ring. 
This resistor 
is external 
not only to enable 
programming 
the dc resistance 
but also to avoid 
high on-chip 
power 
dissipation 
with 
short telephone 
lines. It acts as a shunt load conducting 
the excess dc line current. 
At low line voltages 
«3.0 
volts), no current 
flows through 
LR. 


36 
33 
BP 
Base of a PNP Pass-transistor. 
Under long-loop 
conditions 
where low line voltages 
would 
cause 
VR to fall below 
1.1 volts, 
BP drives the PNP transistor 
Tl 
into saturation, 
thereby 
minimizing 
the voltage drop across the pass transistor. 
At line voltages which 
maintain 
VR above 1.1 volts, 
BP biases Tl 
in the linear region thereby 
regulating 
the VR voltage. 
Transistor 
Tl also couples 
the ac speech signals from the transmit 
amplifier 
to Tip and Ring at V +. 


37 
34 
V+ 
The more positive 
input to the regulator, 
speech, and OTMF sections connected 
to Tip and Ring 
through 
the polarity 
guard diode bridge. 


38 
35 
FB 
FeedBack terminal 
for 
DTMF output. 
Capacitor 
C14 connected 
from 
FB to V + 
provides 
ac 
feedback to reduce the output 
impedance 
to Tip and Ring when tone dialing. 


40 
36 
TRC 
Tone Ringer oscillator 
Capacitor 
and resistor terminal. 
The relaxation 
oscillator 
frequency 
fo is 
set br 
resistor 
R3 and capacitor 
C13 connected 
from 
TRC to V-. 
Typically, 
fa 
~ (R3C13 
+ 8.0 
I'sl- 
. 


41 
37 
TRS 
Tone Ringer Input Sense. TRS is the most positive 
input terminal 
of the tone ringer 
and the 
reference for the threshold 
detector. 


42 
38 
TRI 
Tone Ringer Input terminal. 
TRI is the positive 
supply voltage terminal 
for tone ringer circuitry. 
Current is supplied 
to TRI through 
resistor R2. When the average voltage across R2 exceeds an 
internal 
reference voltage 
(typically 
1.6 volts) the tone ringer output 
is enabled. 


43 
39 
TRO 
Tone Ringer Output terminal. 
The frequency 
of the square wave output 
signal at TRO alternates 
from fo/8 to fo/l0 
at a warble 
rate of fo/640. Typical output 
frequencies 
are 1000 Hz and 800 Hz 
with 
a 12.5 Hz warble 
rate. TRO sources or sinks up to 20 mA to produce 
an output 
voltage 
swing of 18 volts peak-to-peak 
across the piezo transducer. 
Tone ringer volume 
control 
can be 
implemented 
by a variable 
resistor in series with the piezo transducer. 


44 
40 
TRF 
Tone Ringer Input Filter capacitor 
terminal. 
Capacitor C16 connected 
from TRF to TRS forms 
a 
low-pass 
filter. This filter averages the signal across resistor R2 and presents this dc voltage to 
the 
input 
of the 
threshold 
detector. 
Line voltage 
transients 
are 
rejected 
if the 
duration 
is 
insufficient 
to charge C16 to 1.6 volts. 


ELECTRICAL CHARACTERISTICS 
(TA = 25°CI 


KEYPAD INTERFACE CIRCUIT 


Test 


Characteristic 
Method 
Symbol 
Min 
Typ 
Max 
Unit 


Row Input 
Pullup 
Resistance 
7 
RRm 
5.0 
8.0 
11 
kl1 
mth Row Terminal: 
m = 1,2,3,4 


Column 
Input 
Pulldown 
Resistance 
8 
RCn 
5.0 
8.0 
11 
kl1 


nth Column 
Terminal: 
n = 1,2,3,4 


Ratio of Row·to·Column 
Input 
Resistances 
7&8 
Km,n 
0.88 
1.0 
1.12 
- 


Km,n = 
RRm, 
m ~ 
1,2,3,4 


RCn 
n ~ 
1,2,3,4 


Row Terminal 
Open Circuit 
Voltage 
7a 
VRDC 
950 
1100 
1200 
mVdc 


Row Threshold 
Voltage 
for 
mth 
9 
VRm 
0.70 VRDC 
- 
- 
Vdc 


Row Terminal: 
m = 
1,2.3,4 


Column 
Threshold 
Voltage 
for 
nth 
10 
VCn 
- 
- 
0.30 VRDC 
Vdc 


Column 
Terminal: 
n = 1,2,3,4 


Voltage 
Regulator 
Output 
1a 
VR 
1.0 
1.1 
1.2 
Volts 


V + Current 
in DTMF Mode 
2a 
lOT 
8.0 
12 
14.5 
mA 


Change 
in lOT with 
Change 
in V + Voltage 
2b 
.lIOT 
- 
0.8 
2.0 
mA 


V + Current 
in Speech 
Mode 
15P 
mA 
V+~1.7V 
lb 
3.0 
5.0 
7.0 
V+ 
~ 5.0 V 
1c 
8.0 
11 
15 


Speech to DTMF Mode 
Current 
Difference 
3 
~ITR 
-2.0 
2.0 
3.5 
mA 


LR Level 
Shift 
~VLR 
Vdc 
V + 
~ 5.0 V, ILR = 10 mA 
4a 
2.4 
2.9 
35 
V+ 
~ 
18V,ILR 
= 110mA 
4b 
2.6 
3.3 
4.0 


LC Terminal 
Resistance 
5 
RLC 
30 
50 
75 
kl1 


Load Regulation 
6 
~VR 
-20 
-6.0 
20 
mVdc 


II 
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Test 
Characteristic 
Method 
Symbol 
Min 
Typ 
Max 
Unit 


MIC Terminal 
Saturation 
Voltage 
20 
VMIC 
- 
60 
125 
mVdc 


MIC Terminal 
Leakage 
Current 
21a 
IMIC 
- 
0.0 
5.0 
jJ.A 


MM 
Terminal 
Input Resistance 
21b 
RMM 
50 
100 
170 
kn 


TXO Terminal 
Bias 
22a 
BTXO 
0.48 
0.53 
0.68 
- 


lXI 
Terminal 
Input Bias Current 
22b 
ITXI 
- 
50 
400 
nA 


TXO Terminal 
Positive 
Swing 
22c 
VTXOI+) 
- 
25 
60 
mVdc 


TXO Terminal 
Negative 
Swing 
22d 
VTXOI-1 
- 
130 
200 
mVdc 


Transmit 
Amplifier 
Closed·Loop 
Gain 
23a 
GTX 
16.5 
19 
20 
VN 


Sidetone 
Amplifier 
Gain 
23b 
GSTA 
0.40 
0.45 
0.54 
VN 


STA Terminal 
Output 
Current 
24 
ISTA 
50 
100 
250 
jJ.A 


RXO Terminal 
Bias 
25a 
BRXO 
0.48 
0.52 
0.68 
- 


RXI Terminal 
Input Bias Current 
25b 
IRXI 
- 
100 
400 
nA 


RXO Terminal 
Positive 
Swing 
25c 
VRXOI+1 
- 
1.0 
20 
mVdc 


RXO Terminal 
Negative 
Swing 
25d 
VRXOI-1 
- 
40 
100 
mVdc 


TXL Terminal 
OFF Resistance 
26a 
RTXLIOFF) 
125 
200 
300 
kn 


TXL Terminal 
ON Resistance 
26b 
RTXLION) 
- 
20 
100 
n 


RM Terminal 
OFF Resistance 
27a 
RRMIOFFI 
125 
180 
300 
kn 


RM Terminal 
ON Resistance 
27b 
RRMIONI 
410 
570 
770 
n 


Row Tone 
Frequency 
Row 1 
lla, 
11b 
fRm 
6929 
696.4 
6999 
Hz 
Row 2 
765.3 
769.2 
773.0 
Row 3 
848.9 
853.2 
857.5 
Row 4 
935.1 
939.8 
944.5 


Column 
Tone 
Frequency 
Column 
1 
l1c,11d 
fCn 
1201.6 
1207.7 
1213.7 
Hz 
Column 
2 
1330.2 
1336.9 
1343.6 
Column 
3 
1471.9 
1479.3 
1486.7 
Column 
4 
1625.2 
1633.4 
1641.5 


Row Tone Amplitude 
11. 
VRow 
038 
0.45 
0.55 
Vrms 


Column 
Tone Amplitude 
111 
VCol 
0.48 
0.55 
0.67 
Vrms 


Column 
Tone Pre-emphasis 
119 
dBCR 
0.5 
1.8 
3.0 
dB 


DTMF 
Distortion 
12 
% Dis 
- 
4.0 
6.0 
% 


DTMF 
Output 
Resistance 
13 
Ro 
1.0 
2.5 
3.0 
kn 


ES Terminal 
OFF Resistance 
34a 
RESIOFF) 
100 
200 
325 
kn 


Equalization 
Threshold 
Voltage 
34b 
VE 
1.4 
1.6 
2.0 
Vdc 


Equalization 
Threshold 
Hysteresis 
34c 
liVE 
75 
200 
300 
mVdc 


EV Terminal 
OFF Resistance 
35a 
REVIOFF) 
100 
200 
325 
kn 


EV Terminal 
ON Resistance 
35b 
REV(ONI 
- 
20 
50 
n 


Test 
Characteristic 
Method 
Symbol 
Min 
Typ 
Max 
Unit 


TRI Terminal 
Voltage 
14 
VTRI 
20 
21.5 
23 
Vdc 


TRS Terminal 
Input Current 
ITRS 
VTRS 
~ 24 volts 
15a 
70 
120 
170 
liA 
VTRS 
~ 30 volts 
15b 
0.4 
08 
1.5 
mA 


TRF Threshold 
Voltage 
16a 
VTRF 
1.2 
1.6 
1.9 
Vdc 


TRF Threshold 
Hysteresis 
16b 
aVTRF 
100 
200 
400 
mVdc 


TRF Filter Resistance 
17 
RTRF 
30 
50 
75 
kO 


High Tone Frequency 
18 
fH 
920 
1000 
1080 
Hz 


Low Tone Frequency 
18 
fL 
736 
800 
864 
Hz 


Warble 
Frequency 
18 
tw 
11.5 
12.5 
13.5 
Hz 


Tone Ringer Output 
Voltage 
19 
Volp_p) 
18 
20 
22 
Vp-p 


FIGURE 
8 - 
GENERAL 
TEST CIRCUIT 


40 
Rl 
TRF 


R2 
TRO 


R3 
TRI 


4 
R4 
TRS 
37 


Cl 
TRC 
36 


FB 
35 
C2 


C3 
V+ 
34 


8 
C4 
BP 
33 


D.U.T. 
32 
LR 


10 
31 
LC 


11 
V- 
30 


12 
VR 
+ 
13 
CAL 


14 
ES 
RXO 


15 
EV 
RXI 


16 
CRI 
25 
RM 
lOa PF 


r 
*= 
17 
24 
CR2 
STA 
r lOa pF 
18 
MM 
23 
TXO 


19 
22 
AGC 
TXI 
TXAC 


20 
21 
r°.Q1 
MIC 
TXL 
Notes: 


1. 
·Selected 
ceramic 
resonator: 
500 kHz 
::!:2.0 kHz. 


2. Capacitances 
in J.LFunless 
noted. 


3. 
All 
resistances 
in ohms. 


4. 
Pin numbers 
in this 
Figure 
and 
in Test 
Circuits 
are for 
the 
DIP package. 
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ISp 


+ 
..I.. Vs 


General 
Test 
Circuit 


a. Measure 
VR with 
Vs = '.7 V 


b. Measure 
ISp with 
Vs = '.7 V 


c. 
Measure 
ISp with 
Vs 
~ 5.0 V 


+ 


l'1.5V 
-rOV 
l 


General 


Test 
Circuit 


Witt) S, 
open measure 
ITR. Close S, 
and again 
measure 
ITR. Calculate: 


alTR 
~ ITR I - 
ITRI 
s, 
S, 
Closed 
Open 


General 
Test 


Circuit 


a. 
Measure 
lOT with 
Vs 
~ , 1.5 V 


b. Measure 
lOT with 
Vs 
= 26 V. Calculate 


alOT 
~ lOT I - 
lOTI 


26 V 
".5 
V 


General 


Test 


Circuit 


a. Set Vs 
~ 5.0 V and ILR = '0 mA. Measure 
VLR. 


Calculate 
aVLR 
~ Vs 
- 
VLR 


b. Repeat Test 4a with 
Vs 
~ 18 V and ILR ~ 
'10 
mA 


r' 
IAmi 


General 
Test 
Circuit 


With 
51 open 
measure 
VLC· 
Close S1 and measure 
ILe- 


Calculate: 


5.0 - 
VLC 
ALC = --IL-C- 


General 


Test 
Circuit 


a. 
Set 5, 
to Terminal 
2 and measure voltage at Terminal 
1 


IVAOC)· 


b. Set S, to Terminal 
1 1m = 1) and measure 
IAI. Calculate: 


AAI 
= VAOC 
-i- 
lA' 


e,d,e. 
Aepeat Test 7b for m = 2,3,4. 


General 
Test 
Circuit 


Set IBP = 0.0 ~ 
and measure 
VA. 


Set IBP = , 50 ~ 
and measure 
VA. Calculate: 


<lVA = VA I - 
VA I 


O.O~ 
150~ 


S, 


~ 


~OV 


General 
Test 
Circuit 


a. 
Set S, to TerminalS 
(n = 
1) and measure 
IC'. 
Calculate: 


ACI 
= '.0 
V 
-i- 
IC' 


b,e,d. 
Aepeat Test 8a for n = 2,3,4. 


II 


• 


General 
Test 
Circuit 


a. Set S, to Terminal' 
1m = 1) with 
V, 
= '.0 Vdc. Verify 
VMIC is low 
IVMIC < 0.3 Vdc). Decrease V, to 0.70 VROC 
and verify 
VMIC switches 
high. (VMIC > 0.5 Vdc). VROC 
is obtained 
from 
Test 7a. 


b,c,d. 
Repeat Test 9a for rows 2,3, and 4. 1m = 2,3.41 


General 


Test 
Circuit 


a. Set S, to Terminal 
5 In ~ '1 with 
V, 
~ a Vdc. Verify 
VMIC is low IVMIC < 0.3 Vdcl. Increase V, to 0.30 VROC 
and verify 
VMIC switches 
high, IVMIC > 0.5 Vdcl. VROC 
is obtained 
from 
Test 7a. 


b,c,d. 
Repeat Test lOa for columns 
2,3, and 4. In ~ 2,3.4) 


General 
Test 
V + 


Circuit 


a. With V, 
~ 0.0 V set S, to Terminal' 
(m ~ 1) and 
measure 
frequency 
of tone at V +. 


b. Repeat Test" 
a for rows 2,3 and 4. 1m ~ 2,3.41. 


c. With 
V, 
= '.0 V set S, to Terminal 
5. In ~ '1 and 
measure 
frequency 
of tone at V +. 


d. 
Repeat Test for columns 
2,3, and 4. (n ~ 2,3.41. 


e. 
Set S1 to Terminal 
4 and V, 
= 0.0 V. Measure 
row tone 
amplitude 
at V + (VRowl. 


f. 
Set S, to Terminal 
8 and V, 
= '.0 V. Measure 
column 
tone amplitude 
at V +. (VCOll. 


g. 
Using 
results of Tests 11e and l1f. 
calculate: 


VCOl 
dBCR = 20 10g,0 VROW 


General 


Test 
Circuit 


Measure 
V+ 
and V, 
with a true rms voltmeter. 
Calculate: 


V,lrmsl 


% DIS =. V+lrmsl 
x '00 


General 
Test 


Circuit 


General 


Test 
Circuit 


Measure 
IS at V, = 1.8 V and V, 
= 2.8 V. 


Calculate: 


Ro = '.0 V o-[Isl - 
Isl 
] 
2.8V 
'.8V 


General 


Test 
Circuit 


a. 
Measure 
ITRS with 
V, = 24 V. 


b. 
Measure 
ITRS with 
V, = 30 V. 


II 


II 


General 
Test 
Circuit 


a. 
Increase 
V, 
from 
21 V until VTRO switches 
on. Note that 
VTRO 
will be an 16 Vpp 
square wave. 
Record this value 
of Vl. 
Calculate: 


VTRF = Vl 
- 
20 V 


b. 
Decrease 
V, 
from 
its setting 
in Test 16a until VTAO 
ceases switching. 
Record this value 
of V,. 
Calculate: 


6VTRF 
= V11- 
V11 
Test 
Test 
16a 
16b 


General 
Test 
Circuit 


General 
Test 
Circuit 


0.01 I'F 


VOO 


IC1 - 
MC14011B 
IC2 - 
MC14538B 
VOO = 12 V 


T1 - 
2N3904 


1 
16 
2 
15 
3 
14 


ci 
IC2~; 
6 
11 
7 
10 
8 
9 


General 
Test 


Circuit 


Measure 
VTRO 
peak-to-peak 
voltage 
swing. 


Using VTRI from 
Test 14 Calculate: 


Vo(p-p) 
~ VTAI 
- 
20 V + VTAO 


IMM 
18 


IMIC 
20 


+ 
+ 


General 
Test 


Circuit 


a. 
Set V1 
~ 2.0 V and 
measure 
IMIC. 


b. 
Set V1 
~ 5.0 V and 
measure 
IMM. 


Calculate: 
AMM 
= 5.0 V + IMM 


General 
Test 
Circuit 


34 


23 
VTXO 
+ 


General 
22 
l50V 


Test 
VTXI 
- 
Circuit 


~" 
+ 
I 
- 


a. 
With 
S1 open. 
measure 
VTXO. 
Using VR obtained 
in Test 
1 Calculate: 
BTXO = VTXO 
-;- VA 


b. 
With 
S1 open, 
measure 
VTXO 
and VTXI. 
Calculate: 


ITXI = IVTXO 
- 
VTXII 
-;- 200 kO 


c_ Close 
S1 and set I = 
-10 
pA. Measure 
VTXO. 
Calculate: 


VTXO( +) 
~ VA 
- 
VTXO 
where 
VA is obtained 
from 
Test 
1. 


d. 
Close 
S1 and set I = + 10 pA. Measure 
VTXO· 


VTXO( - I ~ VTXO' 


II 


II 


General 
Test 
Circuit 


24 
V5TA 
+ 


23 
VTXi[.5.0 
V 


a. 
Set the generator 
for vi ::::3.0 mVrms' 
Measure 
ac 
voltage 
VTXO. 
Calculate: 


GTX = ~ 


vi 


b. 
Measure 
ac voltage 
V5TA. 
Using 
VTXO from 
Test 23a 
calculate: 


G5TA = V5TA 
VTXO 


+ 


l50V 


General 
27 
Test 
VAXO 
Circuit 
26 
VAXI 


'~t 
I 


7" 


a. 
With 
5, 
open, 
measure 
VRXQ. 
Using VA obtained 
in Test 
1, calculate: 
BAXO = VAXO 
+ VA. 


b. With 
5, 
open, 
measure 
VAXO and VAXI. Calculate: 


IAXI = (VAXO 
- 
VAX') 
+ 100 kO 


c. 
Close 51 and set I ~ 
-10 
1AA. Measure 
VAXO. 
Using 
VA 
obtained 
in Test 1, calculate: 
VAXO (+) 
= VA - 
VAXO' 


d. 
Close 51 and set I ~ + 10 j'A and measure 
VAXO. 


VAXO(-) 
= VAXO' 


General 
Test 


Circuit 


General 


Test 
Circuit 
51 
+ 


21 
A ..r.4V 
t 1:.1% 
lS~~ 


1.0 Vrms 
"- 
Ii 


1.0 kHz 
-L 


a. 
Set 51 to position 
A with 
52 open. 
Measure 
ITXL. 


Calculate: 
ATXL (OFF) ~ 0.4 V + ITXL. 


b. 
Set 5, 
to position 
B and close 52. Measure 
ac voltages 
vi 


and VTXL. Calculate: 


ATXL (ON) 
~ ~V 
x 5.1 kO 
Vj- 
TXL 


IRMS,n 


25 
A 
lO.4V 
t I~o:; 


VRM~ 


~ 
2.0I'F~~ 


1.0 Vrms......... 
~Vi 


'.0 
kHz 
a. 
With 
52 open and 5, 
in position 


A measure 
IRM. 
-= 


Calculate: 
RRMIOFF) = 0.4 V -;- IRM 


General 
Test 
Circuit 


b. Close 52 and switch 
5, 
to position 
B. Measure 
ae 


voltages 
vi and VRM. 


Calculate: 
V 


RRMION) 
= ~V 
x 10 kn 
vi - 
RM 


General 
Test 
Circuit 


VES 


a. 
Set V, 
~ 0 V. Measure 
IES. Calculate 
R IOFF) = 0.4 -;- 


IES· 


b. 
Increase 
V, 
until 
VES SWITCHES 
low 
1<200 mV). 
Mea- 


sure V,. 
VE ~ V,. 


c. 
Decrease 
V, 
from 
the value 
in Test 34b until YES switches 
high 
1>200 
mV). 
Measure 
V,. 
Calculate 
aVE 
~ V, 
- 
V, 


+ ! 
Test 34b 
Test 34c 


General 
Test 
Circuit 


0.4 V 
B 
S, 
·rJ:, 


30:r~F6 
lVi 


<i'-'.OkHZ'f 


-= 
-= 


a. 
With 
5, 
in position 
A set V, 
~ 
2.0 V. Measure 
lEV Calcu- 
late REVIOFF) 
~ 0.4 
-;- lEV. 


b. 
Set V, 
= 5.0 V and Set 5, 
to position 
B. Measure 
vi and 
vEV. Calculate 


REVION) 
= ~ 
x 600 n 
vi 
- 
vEV 


II 


II 


Figure 38 specifies a typical application circuit for the 
MC34011A. Complete listings of external components 
are provided 
at the end of this section along with 
nominal component values. 


The 
hook 
switch 
and 
polarity 
guard 
bridge 
configuration 
is one of several options. If two bridges 
are used, one for the tone ringer and the other for 
speech and dialer circuits, then the hook switch can be 
simplified. 
Component 
values 
should 
be varied 
to 
optimize telephone performance 
parameters for each 
application. The relationships between the application 
circuit compr.~ents and certain telephone parameters 
are briefly described in the following: 


On-Hook Input Impedance 
R1, C17, and Z3 are the significant components 
for 


on-hook impedance. C17dominates at low frequencies, 
R1at high frequencies and Z3 provides the non-linearity 
required for 2.5 V and 10 V impedance signature tests. 
C17 must 
generally 
be '" 
1.0 I-'F to satisfy 
5.0 Hz 
impedance specifications. (EIA RS-4701 


Tone Ringer Output Frequencies 
R3 and C13 control the frequency (fol of a relaxation 
oscillator. 
Typically 
fo = 
(R3C13 + 8.0 I-'s)-1. The 
output tone frequencies are fo/10 and fo/8. The warble 
rate is fo/640. The tone ringer will operate with fo from 
1.0 kHz to 
10 kHz. R3 should 
be limited 
to values 
between 150 k and 300 k. 


Tone Ringer Input Threshold 
After R1, C17, and Z3 are chosen to satisfy on-hook 
impedance specifications, R2 is chosen for the desired 
ring start threshold. Increasing R2 reduces the ac input 
voltage required to activate the tone ringer output. R2 
should be limited to values between 0.8 k and 2.0 kn. 


Off-Hook DC Resistllt'lce 
R4conducts the de line current in excess of the speech 
and dialer 
bias current. 
Increasing R4 increases the 
input resistance of the telephone for line currents above 
10 mA. R4 should be selected between 30 nand 
120 n. 


Off-Hook AC Impedance 
The ac input 
impedance 
is equal to the 
receive 
amplifier 
load 
impedance 
(at RXOI divided 
by the 


receive amplifier gain (voltage gain from V + to RXO). 
Increasing the impedance of the receiver increases the 
impedance of the telephone. Increasing the gain of the 


receiver 
amplifier 
decreases 
the impedance 
of the 
telephone. 


DTMF Output Amplitude 
R14 controls the amplitude 
of the row and column 
DTMFtones. Decreasing R14increases the level of tones 
generated at V +. The ratio of the row and column tone 
amplitudes 
is internally fixed. R14 should be greater 
than 20 n to avoid excessive current in the DTMF output 
amplifier. 


Transmit Output Level 
R10 controls 
the 
maximum 
signal 
amplitude 
produced at V + by the transmit amplifier. 
Decreasing 
R10 increases the transmit 
output 
signal at V +. R10 
should be greater than 220 n to limit current in the 
transmit amplifier output. 


Transmit Gain 
The gain from the microphone to the telephone line 
varies directly with R11. Increasing R11 increases the 
signal applied to R10 and the ac current driven through 
R10 to the telephone line. The closed loop-gain from 
the microphone to the TXO terminal should be greater 
than 10 to prevent transmit amplifier oscillations. 


Note: 
Adjustments 
to transmit 
level 
and gain are 
complicated by the addition of receiver sidetone 
current to the transmit amplifier output current 
at V +. Normally the sidetone current from the 
receiver will increase the transmit signal (if the 
current in the receiver is in phase with that in 
R10).Thus the transmit gain and sidetone levels 
cannot be adjusted independently. 


Receiver Gain 
Feedback resistor R6 adjusts the gain at the receiver 
amplifier. Increasing R6 increases the receiver amplifier 
gain. 


Sidetone Level 
Sidetone reduction is achieved by the cancellation of 
receiver amplifier input signals from R9and R5.R8,R15, 
and C6 determine the phase of the sidetone balance 
signal in R9. The ac voltage at the junction 
of R8 and 
R9 should be 1800 out of phase with the voltage at V+. 
R9 is selected such that the signal current 
in R9 is 
slightly greater than that in R5. This insures that the 
sidetone current in the receiver adds to the transmit 
amplifier output current. 


Equalization 
of Speech Network 
Resistors R17 and R18 are switched into the circuit 
when 
the voltage 
at the LR terminal 
exceeds 
the 
equalization 
threshold 
voltage 
(typically 
1.65 V). R17 
reduces the transmit and receive gains for loop currents 
greater than the threshold Ishort loops) by attenuating 
signals at tip and ring. R18 reduces the sidetone level 
which would otherwise increase when R17 is switched 
into the circuit. The voltage VLR at LR terminal is given 
by 


VLR ~ (IL - 
IS) x R4. 
where IL = loop current 
IS = dummy load current (6.0 mAl + speech 
network current (4.0 mAl. 


Thus 
resistor 
R4 is selected 
to 
activate 
the 
equalization 
circuit 
at the desired 
loop 
current. 


However, R4 must be selected keeping in mind the fact 
that it also controls the dc resistance of the telephone. 
Capacitors C18 and C19 prevent dc current flow into the 
EV and ES terminals. 
This reduces clicks and also 
prevents 
changes 
in the dc characteristic 
of the 
telephone when the EV and ES terminals are switched 
to low impedance. 


1 
+C16 


OTMF 
Pad 
1 
2 
3 
R1 
TRF 
2 
Row-Column 
Switch 
Closure 
4 
5 
6 
R2 
TRO 
3 
R3 
TRI 
7 
8 
9 
. 
4 
R4 
TRS 
0 
/I 
5 
Cl 
TRC 
6 
C2 
7 
C3 
V+ 


NC 8 
C4 
BP 
TIP 
9 
S1. S2 controlled 
MC34011ALR 
by hook switch; 
1I1ustrated 
10 
LC 
in "on-hook" 
11 
,{1, 
condition. 
12 


13 
R5 
C17 


14 


15 


R18 
16 


XR= 
17 
R17 
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EXTERNAL COMPONENTS 


(Component 
Labels 
Referenced 
to 
Figure 
38) 


Nominal 
Capacitors 
Value 
Description 


C1, C2 
100 pF 
Ceramic 
Resonator 
oscillator 
capacitors. 


C3 
1.0 p.F, 3.0 V 
Transmit 
limiter low·pass 
filter capacitor: 
controls 
attack and decay time of transmit 
peak limiter. 


C4,C5 
0.1 p.F 
Transmit 
amplifier 
input capacitors: 
prevent 
de current 
flow into TXL pin and attenuate 
low·frequency 
noise on microphone 
lead. 


C6 
0.05 p.F 
Sidetone 
network 
capacitor: 
provides 
phase-shift 
in sidetone 
path to match 
that caused 
by telephone 
line reactance. 


C7, C8 
0.05 p.F 
Receiver 
amplifier 
input capacitors: 
prevent de current flow into RM terminal 
and attenuates 
low frequency 
noise on the telephone 
line. 


C9 
2.2 p.F, 3.0 V 
VR regulator 
capacitor: 
frequency 
compensates 
the VR regulator 
to prevent 
oscillation. 


C10 
0.01 p.F 
Receiver 
amplifier 
output capacitor: 
frequency 
compensates 
the receiver 
amplifier 
to prevent 
oscillation. 


C11 
0.1 p.F 
DC load filter capacitor: 
prevents 
the dc load circuit from attenuating 
ac signals 
on V + . 


C12 
0.01 p.F 
Telephone 
line bypass 
capacitor: 
terminates 
telephone 
line for high frequency 
signals 
and prevents 
oscillation 
in the VR regulator. 


C13 
620 pF 
Tone ringer oscillator 
capacitor: 
determines 
clock frequency 
for tone and warble frequency 
synthesizers. 


C14 
0.1 p.F 
DTMF output feedback 
capacitor: 
ac couples 
feedback 
around the DTMF output amplifier 
which reduces 
output 
impedance. 


C15 
4.7 p.F, 25 V 
Tone ringer 
input capacitor: 
filters 
the rectified 
tone ringer 
input signal 
to smooth 
the supply 
potential 
for oscillator 
and output 
buffer. 


C16 
1.0 p.F, 10 V 
Tone 
ringer 
filter capacitor: 
integrates 
the voltage 
from current 
sense 
resistor 
A2 at the input 
of the 


threshold 
detector. 


C17 
1.0 p.F, 250 Vac 
Tone ringer 
line capacitor: 
ac couples 
the tone ringer 
to the telephone 
line; partially 
controls 
the on- 
Non-polarized 
hook input impedance 
of telephone. 


C18 
25 p.F, 25 V 
Speech 
equalization 
coupling 
capacitor. 
Prevents 
dc current 
flow into EV terminal. 
(optional) 


C19 
5.0 p.F, 3.0 V 
Sidetone 
equalization 
coupling 
capacitor. 
Prevents 
dc current 
flow into ES terminal. 
(optional) 


Nominal 
Resistors 
Value 
Description 


R1 
6.8 k 
Tone ringer 
input resistor: 
limits current 
into the tone ringer 
from transients 
on the telephone 
line and 


partially 
controls 
the on-hook 
impedance 
of the telephone. 


R2 
1.8 k 
Tone ringer current sense resistor: 
produces 
a voltage 
at the input of the threshold 
detector 
in proportion 
to the tone ringer 
input current. 


R3 
200 k 
Tone ringer oscillator 
resistor: determines 
the clock frequency 
for tone and warble frequency 
synthesizers. 


R4 
82,1.0 
W 
DC load resistor: 
conducts 
all de line current 
in excess 
of the current 
required 
for speech 
or dialing 
circuits; 
controls 
the off-hook 
de resistance 
of the telephone. 


R5, R7 
150k,56k 
Receiver 
amplifier 
input resistors: 
couple ac input signals from the telephone 
line to the receiver 
amplifier; 


signal in RS subtracts 
from that in A9 to reduce 
sidetone 
in receiver. 


R6 
200 k 
Receiver 
amplifier 
feedback 
resistor: 
controls 
the gain of the receiver 
amplifier. 


R8, R9 
1.5k,30k 
Sidetone 
network 
resistors: 
drive receiver 
amplifier 
input with the inverted 
output 
signal from the trans- 


miner; phase of signal 
in R9 should 
be opposite 
that in R5. 


R10 
270 
Transmit 
amplifier 
load resistor: 
converts 
output 
voltage 
of transmit 
amplifier 
into a current 
that drives 
the telephone 
line; controls 
the maximum 
transmit 
level. 


R11 
200 k 
Transmit 
amplifier 
feedback 
resistor: 
controls 
the gain of the transmit 
amplifier. 


R12, R13 
4.7 k, 4.7 k 
Transmit 
amplifier 
input resistors: 
couple signal from microphone 
to transmit 
amplifier; 
control the dynamic 
range of the transmit 
peak limiter. 


R14 
36 
DTMF calibration 
resistor: 
controls 
the output 
amplitude 
of the DTMF dialer. 


R15 
2.0 k 
Sidetone 
network 
resistor 
(optional): 
reduces 
phase shift in sidetone 
network 
at high frequencies. 


R17 
600 
Speech equalization 
resistor. Reduces 
transmit 
and receive gain when EV terminal switches 
on. (optional) 


Rl8 
5.1 k 
Sidetone 
equalization 
resistor. 
Reduces 
sidetone 
level when 
ES terminal 
switches 
on. (optional) 


RX 
3.0 k 
Microphone 
bias resistor: 
sources 
current 
from VR to power a 2-terminal 
electret 
microphone; 
AX is not 
used with 3·terminal 
microphones. 


Semiconductors 
Electret 
Mic 
Receiver 


B1 = 
MDA101A, 
or equivalent, 
2 Terminal, 
Primo 
EM-95 {Use 
RX) 
Primo 
Model 
DH-34 
(300 l1) or equivalent 
or 4-1N4005 
or equivalent 
T1 ~ 
2N41 26 or equivalent 
3 Terminal, 
Primo 
07A181P 
(Remove 
Rxl 
Z1 = 18 V, 1.5 W, 1N5931A 
or equivalent 
Z2 = 30 V, 1.5 W, 1N5936A 
Z3 
~ 4.7 V, 1/2 W, 1N750 


XR - 
muRata 
Erie CSB 500 kHz 
Resonator, 
or equivalent 
Piezo - 
PBl 
5030BC 
Toko 
Buzzer 
or equivalent 


II 
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® MOTOROLA 


• 
Complete Telephone Bell.fleplacement 
Circuit with Minimum 
External Components 


• 
On-Chip Diode Bridge and Transient Protection 


• 
Direct Drive for Piezoelectric Transducers 


• 
Base Frequency Options-MC34012-1: 
1.0 kHz 
MC34012-2: 
2.0 kHz 
MC34012-3: 
500 Hz 


• 
Input Impedance Signature Meets Bell and EIA Standards 


• 
Rejects Rotary Dial Transients 


MC34012-1: 
C = looopF 
MC34012-2: 
C = 
500 pF 
MC34012-3: 
C = 2000 pF 


MC34012·1 
MC34012·2 
MC34012·3 


TELEPHONE 
TONE RINGER 


P SUFFIX 
PLASTIC 
PACKAGE 


CASE 626-04 


• 


DSUFFIX 
B 
" 
PLASTIC 
PACKAGE 


,~- 
CASE 751A-Q1 
1 


1.0~F 


+ 
lOV 


The MC34012 Tone Ringer derives its power supply by 
rectifying 
the ac ringing signal. It uses this power to 
activate 
a tone 
generator 
and drive 
a pieza-ceramic 
transducer. 
The tone 
generation 
circuitry 
includes 
a 
relaxation 
oscillator 
and 
frequency 
dividers 
which 
produce high and low frequency tones as well as the 
tone warble 
frequency. 
The relaxation 
oscillator 
fre- 
quency 
fo 
is 
set by resistor 
R2 and 
capacitor 
C2 
connected to pin RC. The oscillator' will operate with fo 
from 1.0 kHzto 10 kHzwith the proper choice of external 
components (See Figure 1). 


The frequency of the tone ringer output signal at pin 
RO alternates between fo/4 to fo/5. The warble rate at 
which 
the 
frequency 
changes 
is 
fo/320 
for 
the 
MC34012-1, fo/640 
for the MC34012-2, or fo/160 
for 
the MC34012-3. With a 4.0 kHzoscillator frequency, the 
MC34012-1 produces 800 Hz and 1000 Hz tones with a 
12.5 Hzwarble rate. The MC34012-2 generates 1600 Hz 
and 2000 
Hz tones 
with 
a similar 
12.5 Hz warble 
frequency 
from 
an 8.0 Hz oscillator 
frequency. 
The 
MC34012-3 will produce 400 Hz and 500 Hztones with 
a 12.5 Hzwarble rate from a 2.0 kHzoscillator frequency. 
The tone ringer output circuit can source or sink 20 mA 
with an output voltage swing of ~O volts peak-to-peak. 
Volume 
control 
is readily 
implemented 
by adding a 
variable resistance in series with the piezo transducer. 


Input 
signal 
detection 
circuitry 
activates 
the 
tone 
ringer 
output 
when 
the 
ac 
Iine 
voltage 
exceeds 
programmed threshold level. Resistor R3 determines the 
ringing signal amplitude at which an output signal will 
be generated at RO. The ac ringing signal is rectified by 
the internal 
diode bridge. The rectified 
input 
signal 


./ 
/ 


../ V 
/ 


../ 
150 k <; R2 <; 300 k 
-- 
.....-- 
400 pF <; C2 <; 2000 
pF 


I 


produces a current through R3 which is input at terminal 
RI. The voltage across resistor R3 is filtered by capacitor 
C3 at the input to the threshold circuit. When the voltage 
on capacitor C3 exceeds 1.7 volts, the threshold com- 
parator enables the tone ringer output. Line transients 
produced by pulse dialing 
telephones 
do not charge 
capacitor 
C3 sufficiently 
to activate 
the tone 
ringer 
output. 


Capacitors Cl and C4 and resistor Rl determine the 
10 volt. 24 Hzsignature test impedance. C4 also provides 
filtering 
for the output stage power supply to prevent 
droop in the square wave output signal. Six diodes in 
series with the rectifying bridge provide the necessary 
non-linearity for the 2.5 volt, 24 Hzsignature tests. 


An internal 
shunt voltage regulator between the RI 
and RG terminals provides dc voltage to power oulput 
stage, oscillator, and frequency dividers. The dc voltage 
at RI is limited to approximately 22 volts in regulation, To 
protect the IC from telephone line transients, an SCR is 
triggered when the regulator current exceeds 50 mA. 
The SCR diverts current from the shunt regulator and 
reduces the power dissipation within the IC. 


R1 
Line input r•• iltor. R1 controll 
the ton. 
ringer 
input impedance. 
It allo 
influenc •• 
ringing thre.hold voltage 
and limite current 


from line tranlients. 
(Range:2.0 kOto 10kn). 


Cl 
Line input capacitor. 
C1 lit coupl •• 
the ton. 
ringer to the telephone 
lin. 
end contrail 


finger input impedance 
at low frequencies. 


(Range:0.4 "F to 2.0 "Fl. 


R2 
Oscillator 
r•• istor. 
(Range:150kOto 300 kO). 


C2 
Oscillator 
capacitor. 
(Range:400 pFto 2000 pFI. 


R3 
Input current 
sense resistor. 
R3 controls the 
ringing thr.shold 
voltage. 
Incr •• sing A3 
d.er ••••• 
the ring-stlrt 
voltage. 


(Ranga:0.8 kn '0 2.0 kO). 


C3 
Ringingthrelhold filter caplcitor. C3filtarl tha 
ac voltage 
IcrOIl 
R3 at the input of the ringing 
threshold 
complrltor. 
It a'io 
provides diller 
trlnlient 
rejection. 
(Ranga:0.6 "F to 6.0"Fi. 


C4 
Ringerlupply clplcitor. C4filtara aupply 
voltage for the ton. 
generating 
circuitl. 
It .110 
providel 
an Ie current 
path for the 10 V rme 
ringer lignatur. 
impedlnee. 


(RInge: 1.0"F to 10 "F). 


II 


II 


180 k" 


8 
C 


RG 
RC 


VI 
4.7 k" 
2 
7 
AC1 
RF 
1.0 ~F 


OUT 
0.01 ~F 
+ 25V 


3 
AC2 
6 
RS 
1.8 k" 


10k 


-= 
-= 
VOO 


R 


0.01 ~F" 


1 
16 


-= 
2 
15 


VOO 
3 
14 


4 
IC2 
13 


5 
12 


6 
11 
7 
10 


8 
9 


-= 


IC1-MCl 
4011 B 
IC2-MC14538B 
VOO; 
12V 


MC34012-1: 
C; 
1000 pF" 
MC34012-2: 
C; 
500 pF" 
MC34012-3: 
C; 
1000 pF" 


8. Increase 
VI from +30 yolts while 
monitoring 


VQ. VSta"!+) 
equals VI when VQ commences 
switching. 


b. Decrease 
VI from -30 
volts while 
monitoring 
VQ' Vstart<-) 
equals VI when VQ commences 
switching. 


c. Decrease 
VI from +40 volts while 
monitoring 
VQ. VStop equals VI when 
VQ cea.as 
switching. 


d. Set VI to +50 volt •. Clo.e 
51. Measure 
frequencies 
fH. fl. 
and tw. 


MC34012-1. 
R; 
110kn" 
MC34012-2: 
R; 
55 kO" 
MC34012-3: 
R; 
110 kO" 


-=- 5.0VI 


1aOk" 


a 
RG 
RC 


':" 
2 
AC1 
7 
RF 


OUT 
3 
6 
AC2 
RS 


4 
5 
RO 
RI 


0.01 "F 
I 


12 V 


1ak"+I~ 


I 


10V 


+I~ 


MC34012·1: 
C = 1000 pF" 
MC34012·2: 
C = 
500 pF" 
MC34012·3: 
C = 1000 pF" 


Voo 


2 
AC1 


3 
AC2 


':" 
4 
RO 


':" 
0.047 
"F 


MC34012-1: 
C = 1000 pF" 
MC34012·2: 
C = 
500 pF" 
MC34012·3: 
C = 1000 pF" 


With 
VRC = 3.5 volts. close S 1. Mea.ure 
the 
current 
at Pin 4 (101)' Repeatedly 
switch 
VRC 
between 
3.5 volts and 0 votts until Pin 4 current 
changes 
polarity. Measure 
this opposite polarity 


current 
(102). 


Calculate: 


10 =11011 +11021 
II 


•• 


Ch •• _ 
•• lltic 
Tell 
Symbol 
Min 
Typ 
MlIX 
Unit. 


Ringing 
5te" 
Voltage 
Vdc 


(V5ta" 
= VI @ Ring 5ta") 
VI>O 
Ie 
VStart(+) 
31 
34.5 
38 


VI<O 
1b 
VSta"(-) 
-31 
-34.5 
-38 


Ringing 
Stop Voltaga 
1c 
VStop 
Vdc 


(VStop 
= VI @ Ring Stop) 
MC34012·1 
16 
20 
25 
MC34012·2 
13 
18 
22 
MC34012·3 
16 
20 
25 


Output 
Frequencies 
(VI = 50 Vl 
1d 
Hz 
MC34012·1 
High Tone 
tH 
967 
1040 
1113 
LawTon. 
tL 
774 
832 
890 
Warble 
Tone 
fw 
12 
13 
14 
MC34012·2 
High Tone 
tH 
1934 
2080 
2226 
LawTon. 
tL 
1548 
1664 
1780 
Warble 
Tone 
fw 
12 
13 
14 
MC34012-3 
High Tone 
tH 
967 
1040 
1113 
LawTon. 
tL 
774 
832 
890 
WerbleTone 
fw 
24 
26 
28 


Output 
Voltage 
(VI = 50 Vl 
6 
Vo 
19 
20 
23 
Vp_p 


Output 
Short-Circuit 
Current 
2 
10 
35 
50 
80 
mAp_p 


Input 
Diode Voltage 
3 
Va 
4.6 
5.1 
5.6 
Vdc 
(II = 1.0 mAl 


Input 
Voltage-SCR 
Off 
4a 
Vol! 
37 
42 
47 
Vdc 


(II =30 
mAl 


Input 
Voltage-SCR 
On 
4b 
Von 
3.2 
4.2 
6.0 
Vdc 
(II = 100 
mAl 


Threshold 
Filter 
Resillanca 
5 
RRF 
30 
50 
80 
kn 


RRF = 2.0 V IIRF 


BLOCK 
DIAGRAM 


C3 


Pieza 
Sound 
Element 


I 
I 
I 


I 
Warble 
~ 
I 


L 
F~q~n.:":~i~r-:5-G_~ 
.J 


Ch.r.cteri.tic 
Typical 
Valua 
Unite 


Output 
Tone Frequencies 
MC34012-1 
83211040 
Hz 


MC34012-2 
166412080 
MC34012-3 
416/520 


Warble 
Frequency 
13 


Output 
Voltage 
20 
Vp_p 
(VI;;' 
60 V,ms. 
20 Hz) 


Output 
Outy Cvcle 
50 
% 


Ringing 
Start Input Voltage 
(20 Hz) 
36 
Vrms 


Ringing 
Stop Input Voltage 
(20 Hz) 
28 
Vrms 


Maximum 
ac Input Voltage (,;;;68 Hz, 
150 
Vrms 


Impedance 
When 
Ringing 
kO 


VI ;40V,ms.15 
Hz 
20 
VI; 
130 V,ms. 
23 Hz 
10 


Impedance 
When 
Not Ringing 


VI; 
10V,ms. 
24 Hz 
28 
kO 


VI ; 2.5 V,ms. 
24 Hz 
>1.0 
MO 


VI; 
10V,ms. 
5.0 Hz 
55 
kO 


VI ; 3.0 V,ms. 
200-3200 
Hz 
>1.0 
MO 


Maximum 
Transient 
Input Voltage 
1500 
V 
(T';;; 2.0 ms) 


N.me 
O•• cription 


AC1.AC2 
The input terminals 
to the full·wave 
diode bridge. The ac ringing signal from the telephone 
line 
energizes 
the ringer through 
this bridge. 


RS 
The positive output of diode bridge to which 
an external 
current 
sense resistor is connected. 


RI 
The positive supply terminal 
for the oscillator, 
frequency 
divider and output 
buffer circuits. 


RF 
The terminal 
for the filter capacitor 
used in detection 
of ringing 
input signals. 


RO 
The tone ringer output terminal 
through 
which 
the sound element 
is driven. 


RG 
The negative 
output of the diode bridge and the negative 
supply terminal 
of the tone generating 
circuitry. 


RC 
The oscillator 
terminal 
for the external 
resistor 
and capacitor 
which 
control the tone ringer 
frequencies. 


II 


•• 


180 k 


8 


2 
7 
AC1 
RF 
OUT 


3 
6 
ACZ 
RS 


RO 
5 
RI 


MC34012- 
1: C; 
1000 pF' 


MC34012-2: 
C; 
500 pF' 
MC34012-3: 
C; 
1000 pF' 


180 k' 
C 


8 


2 
ACl 
RF 
7 


OUT 
3 
AC2 
6 
RS 


3900 
4 
5 
RO 
RI 


0.047 
"F 


MC34012-1 
C; 
1000 pF' 
MC34012-2: 
C; 
500 pF' 


MC34012-3: 
C; 
1000 pF' 


8. S8t II to 30 mA. Meesure 
voltage 
at Pin 2 


(VoII)· 


b. Set II to 100 mA. Measure 
voltage 
at Pin 2 


(Von). 


+ I 20V 
I~ 


"'" 4.7 
kO 
RF 
7 
2 
AC1 
OUT 
VI 
3 
6 
AC2 
R5 


"'" 
10 k 
4 
5 
RO 
RI 


Vo 


.=.. 10V 
1 


MC34012·1: 
C = 1000 
pP 
MC34012·2: 
C = 
500 pP 
MC34012·3: 
C = 1000 
pFo 


With VRC = 3.5 volts. close 51. Set VI to 50 
volts. 
Measure 
de voltaga 
at Pin 4 (V01). 
Repeatadly 
change 
VRC between 
3.5 volts 
and 
o volts until Pin 4 changes 
state. Me.sure 
the 


new voltaga 
at Pin 4 (V02)' 


Calculate 
the peak-To-peak 
output 
voltage: 


II 


II 


® MOTOROL.A 


• 
Linear/lh 
Technology 
Provides Low 1.4 Volt Operation in Both 
Speech and Dialing Modes 


• 
Speech Network Provides 2-4 Wire Conversion with Adjustable 
Sidetbne Utilizing 
an Electret Microphone 


• 
DTMF Generator 
Uses Low-Cost Ceramic Resonator with Ac- 
curate Frequency Synthesis Technique 


• 
On-Chip Regulator Insures Stable Operation Over Wide Range 
of Loop Lengths 


• 
Dialer 
Mutes 
Speech 
Network 
with 
Internal 
Delay for 
Click 
Suppression 
on DTMF Key Release 


1 
3 
A 
MC34013A 


4 
6 
B 


7 
9 
C 
ITonesl 


1/ 
D 
Line 
Keypad 
Voltage 


Q; 


Regulator 


'5 
IVREG) 


~ 


Speech 
Network 


SPEECH NETWORK 
AND 
TONE 
DIALER 
.~ 


28-PIN 
'p 
SUFFIX 
QUAD 
PACK 
PLASTIC 
PACKAGE 
CASE 776A-01 
CASE 710-02 


Parameter 
Valua 
Unit 


V+ TerminalVoltage(Pin26) 
+18. -1.0 
V 


VRTerminalVoltage(Pin22) 
+2.0. -1.0 
V 


RXOTerminalVoltage(Pin20) 
+2.0. -1.0 
V 


R1-R4TerminalCurrent(Pins1-4) 
,,100 
mA 
C1-C4 
(Pins5-8) 


Operating 
Ambient 
Temperature 
Range 
-20 to +60 
°C 


StorageTemperatureRange 
-65 to + 150 
°C 


The MC34013A Electronic Speech Network and Tone 
Dialer provides a frequency 
synthesizer for DTMF di- 
aling, analog amplifiers for speech transmission and a 
de line interface circuit that terminates the telephone 
line. When mated with the MC34012 Tone Ringer. a 
complete tone dialing telephone can be produced with 
just two ICs. 
Low voltage operation is a necessity for telephones 
in networks where paraliel telephone connections are 
common. 
An electronic 
speech network operating 
in 
paraliel with a conventional telephone may receive line 
voltages below 2.5 volts. DTMF dialers operate at sim- 
ilarly low-line voltages when signaling through battery 
powered station carrier equipment. These low voltage 
requirements 
have been addressed 
by realizing the 
MC34013A in a bipolarll2L technology with appropriate 
circuit techniques. The resulting speech and dialer cir- 
cuits 
maintain 
specified 
performance 
with 
instanta- 
neous input voltage as low as 1.4 volts. 


Line Voltage 
Regulator 
The de line interface circuit (Figure 2) determines the 
de input characteristic 
of the telephon". 
At low input 
voltages (less than 3 volts) the IC draws only the speech 


r - - -- - - -- - - - -- - -- ---- - - iTelephone 


Line 


I 
I 
I 
I 
I 
I 
I 
I 
I 
L 
~ 


and dialer bias currents through the VR regulator. As 
input voltage increases. 01 conducts the excess de line 
current through 
resistor R12. The 1.5 volt level shift 
prevents saturation of 02 with telephone 
line signals 
up to 2.0 volts peak (+ 5.2 dBm). A constant current 
(dummy load) is switched off when the DTMF dialer is 
activated to reduce line current transients. Figure 3 il- 
lustrates 
the de voltage/current 
characteristic 
of an 
MC34013A telephone. 


Speech Network 
The speech network (Figure 4) provides the two-to- 
four wire interface between the telephone line and the 
instrument's 
transmitter 
and receiver. An electret mi- 


crophone biased from VR drives the transmit amplifier. 
For very loud talkers. the peak limiter circuit reduces 
the transmit input level to maintain low distortion. The 
transmit amplifier output signal is inverted at the STA 
terminal and driven through an external R-Cnetwork to 
control the receiver sidetone level. The switched ac re- 
sistance at the RM terminal 
reduces receiver signal 


0> 
6.0 
~~ 


~ 
~ 
5.0 
w " 
oi .g 4.0 
~~ 
g ~ 3.0 


" 
Q 
.J 0 
2.0 


II 


II 


: 
~ITXO 
I 
R3 
I 
I TXI 


when dialing and suppresses clicks due to hook or key- 
pad switch transitions. When transmitting, 
audio signal 
currents (iTXO and iRXO) flow through the voltage reg- 
ulator pass transistor 
(T1) to drive the telephone line. 
This feature has two consequences: 1) In the transmit- 
ting mode the receiver sidetone current iRXO contrib- 
utes to the total signal on the line along with 
iTXO; 
2) The ac impedance of the telephone is determined by 
the receiver impedance and the voltage gain from the 
line to the receiver amplifier output. 


,------, 
I Telephone I 
I 
Handset 
I 
I 
I 
I 
I 
I 
I 
I 
I 
I 
I 
I 
I 
I 
I 
I 
L_R~~!y!!-.J 


II 
Electret 
IMicrophone 
I 


The keypad interface is designed to function with con- 
tact resistances up to 1.0 k!l and leakage resistances as 
low as 150 kf1. Single tones may be initiated 
by de- 
pressing two keys in the same row or column. 


The programmable 
counters employ a novel design 
to produce non-integer 
frequency 
ratios. The various 
DTMF tones are synthesized with frequency 
division 
errors less than :,=0.16%(Table 1). Consequently an in- 
expensive ceramic resonator can be used instead of a 
quartz crystal as the DTMF frequency reference. Total 
frequency error less than :'=0.8% can be achieved with 
:'=0.3% ceramic resonator. The row and column 
D/A 
converters 
produce 
16-step approximations 
of sinu- 
soidal waveforms. 
Feedback through 
terminal 
FB re- 
duces the DTMF output impedance to approximately 
2.0 kf1 to satisfy return loss specifications. (EIA RS-4701 


DTMF Dialer 
Keypad interface comparators activate the DTMF row 
and column tone generators (Figure 51when a row and 
column 
input are connected through 
a SPST keypad. 


3 
A 
6 
B 
9 C 
# 0 


Keypad 


Keypad 
Comparators 
& Logic 


Mute 
Signal 
to 
Speech 
Network 


Column 
Counter 


L 
-- -------r------.J 
CR1 
0 
CR2 


C1~XR~C2 
V-' 


DTMF 
Tone 
Output 
Standard 
Frequency 
with 
% Deviation 
(Hz) 
500 kHz Oscillator 
from Stend.,d 


Row 1 
697 
696.4 
-0.086 
Row 2 
770 
769.2 
-0.104 
Row 3 
852 
853.2 
+0.141 
Row 4 
941 
939.8 
-0.128 


Column 
1 
1209 
1207.7 
-0.108 
Column 
2 
1336 
1336.9 
+0.067 
Column 
3 
1477 
1479.3 
+0.156 
Column 
4 
1633 
1634.0 
+0.061 


ELECTRICAL 
CHARACTERISTICS 
(TA = 25°C) 


UNE 
VOLTAGE 
REGULATOR 


Test 
Characteriatlc 
Method 
Symbol 
Mln 
Typ 
Ma. 
Unit 


Voltage 
Regulator 
Output 
1a 
VR 
1.0 
1.1 
1.2 
Volts 


V + Current 
in oTMF 
Mode 
2a 
lOT 
8.0 
12 
14.5 
mA 


Change 
in lOT with 
Change 
in V + Voltage 
2b 
t.loT 
- 
0.8 
2.0 
mA 


V + Current 
in Speach 
Mode 
ISp 
mA 
V+=1.7V 
1b 
3.0 
5.0 
7.0 
V+ 
= 5.0 V 
1c 
8.0 
11 
15 


Speech 
to oTMF 
Mode 
Current 
Difference 
3 
t.ITR 
-2.0 
2.0 
3.5 
mA 


LR Level Shift 
t.VLR 
Vdc 
V+ 
~ 5.0 V. ILR = 
10 mA 
4a 
2.4 
2.9 
3.5 
V + 
= 
18 V. ILR = 
110 mA 
4b 
2.6 
3.3 
4.0 


LC Terminal 
Resistance 
5 
RLC 
30 
50 
75 
kn 


Load Regulation 
6 
t.VR 
-20 
-6.0 
20 
mVdc 


II 


II 


ELECTRICAL CHARACTERISTICS 
(continued) 


KEYPAD INTERFACE CIRCUIT 


Tnt 


Characterlatlc 
Method 
Symbol 
Min 
Typ 
Max 
Un" 


Row 
Input 
Pullup 
Resistance 
7 
RRm 
5.0 
8.0 
11 
k{} 


mth 
Row Terminal: 
m 
- 
1,2,3,4 


Column 
Input 
Pulldown 
Resistance 
8 
RCn 
5.0 
8.0 
11 
k{} 


nth Column 
Terminal: 
n - 
1,2,3,4 


Ratio 
of Row-ta-Column 
Input 
Resistances 
7&8 
Km,n 
0.88 
1.0 
1.12 
- 


Km,n 
= 
!:!am, 
m = 1,2,3,4 


RCn 
n - 
1,2,3.4 


Row Terminal 
Open Circuit 
Voltage 
7a 
VROC 
950 
1100 
1200 
mVdc 


Row Threshold 
Voltage 
for 
mth 
9 
VRm 
0.70 VROC 
- 
- 
Vdc 


Row Terminal: 
m 
- 
1,2,3.4 
, 


Colu";n 
Threshold 
Voltage 
for 
nth 
10 
VCn 
- 
- 
0.30 VROC 
Vdc 


Column 
Terminal: 
n = 1,2,3.4 


Row Tone 
Frequency 
Row 
1 
1la, 
11b 
fRm 
692.9 
696.4 
699.9 
Hz 


Row 
2 
765.3 
769.2 
773.0 


Row 3 
848.9 
853.2 
857.5 


Row 4 
935.1 
939.8 
944.5 


Column 
Tone 
Frequency 
Column 
1 
11c, 11d 
fCn 
1201.6 
1207.7 
1213.7 
Hz 


Column 
2 
1330.2 
1336.9 
1343.6 


Column 
3 
1471.9 
1479.3 
1486.7 


Column 
4 
1625.2 
1633.4 
1641.5 


Row Tone 
Amplitude 
l1e 
VRow 
0.38 
0.45 
0.55 
Vrms 


Column 
Tone 
Amplitude 
111 
VCol 
0.48 
0.55 
0.67 
Vrms 


Column 
Tone 
Pre-emphasis 
l1g 
dBCR 
0.5 
1.8 
3.0 
dB 


OTMF 
Oistonion 
12 
%Ois 
- 
4.0 
6.0 
% 


OTMF 
Output 
Resistance 
13 
Ro 
1.0 
2.5 
3.0 
k{} 


MIC Terminal 
Saturation 
Voltage 
14 
VMIC 
- 
60 
125 
mVdc 


MIC Terminal 
Leakage 
Current 
15a 
'MIC 
- 
0.0 
5.0 
p.A 


MM Terminal 
Input 
Resistance 
15b 
RMM 
50 
100 
170 
k{} 


TXO Terminal 
Bias 
16a 
BTXO 
0.48 
0.56 
0.68 
- 


TXI Terminal 
Input 
Bias Current 
16b 
ITXI 
- 
50 
400 
nA 


TXO Terminal 
Positive 
Swing 
160 
VTXO(+) 
- 
25 
60 
mVdc 


TXO 
Terminal 
Negative 
Swing 
16d 
VTXO(-) 
- 
130 
200 
mVdc 


Transmit 
Amplifier 
Closed·Loop 
Gain 
17a 
GTX 
16.5 
19 
20 
VN 


Sidetone 
Amplifier 
Gain 
17b 
GSTA 
0.40 
0.45 
0.54 
VN 


STA Terminal 
Output 
Current 
18 
ISTA 
50 
100 
250 
p.A 


RXO Terminal 
Bias 
19a 
BRXO 
0.48 
0.56 
0.68 
- 


RXI Terminal 
Input 
Bias Current 
19b 
'RXI 
- 
100 
400 
nA 


RXO Terminal 
Positive 
Swing 
190 
VRXO(+) 
- 
1.0 
20 
mVdc 


RXO Terminal 
Negative 
Swing 
19d 
VRXO(-) 
- 
40 
100 
mVdc 


TXL Terminal 
OFF Resistance 
20a 
RTXL(OFF) 
125 
200 
300 
k{} 


TXL Terminal 
ON Resistance 
20b 
RTXL{ONI 
- 
20 
100 
0 


RM Terminal 
OFF Resistance 
21a 
RRM(OFFI 
125 
180 
300 
k{} 


RM Tarminal 
ON Resiatanee 
21b 
RRMIONI 
410 
570 
770 
0 


Pin 
Deelgnatlon 
Function 


1-4 
R1-R4 
Keypad 
inputs 
for 
Rows 
1 through 
4. When 
open. 
internal 
8.0 kfi 
resistors 
pull 
up the 
row 
inputs 
to a 
regulated 
(-1.1 
volt) 
supply. 
In normal 
operation. 
a row 
and 
a column 
input 
are connected 
through 
a 
SPST switch 
by the telephone 
keypad. 
Row 
inputs 
can also 
be activated 
by a Logic 
"0" 
«500 
mV) from 
a microprocessor 
port. 


5-8 
C1-C4 
Keypad 
inputs 
for 
Columns 
1 through 
4. When 
open. 
internal 
8.0 kfi 
resistors 
pull 
down 
the 
column 
inputs 
to V - .In normal 
operation, 
connecting 
any column 
input 
to any row input 
produces 
the relpective 
row 
and 
column 
DTMF 
tones. 
In addition 
to 
being 
connected 
to 
a row 
input. 
column 
inputs 
can 
be 
activated 
by a Logic 
"1" 
(>500 
mV and 
<3.0 
volt). 


10.9 
CR1. CR2 
Caramic 
Resonator 
oscillator 
input 
and feedback 
terminals. 
respectively. 
The DTMF 
dialer 
is Intended 
to 
operate 
with 
8500kHz 
ceramic 
resonator 
from 
which 
row 
and column 
tones 
are synthesized. 


11 
AGC 
Automatic 
Gain 
Control 
low-pass 
filter 
terminal. 
Capacitor 
C3 connected 
between 
AGC and VR se1S the 
attack 
and 
decay 
time 
of the 
transmit 
limiter 
circuit. 
This 
capacitor 
also 
aids 
in reducing 
clicks 
in the 
receiver 
due to hook-switch 
transients 
and DTMF on/off 
transients. 
In conjunction 
with 
internal 
resistors, 
C3 (1.0 I'F) forms 
a timer 
which 
mutes 
the receiver 
amplifier 
for approximately 
20 milliseconds 
after the 
user goes 
off-hook 
or releases 
a DTMF 
Key. 


12 
MM 
Microphone 
Mute. The MM pin provides 
a means to mute the microphone 
and transmit 
amplifier 
in 
response 
to 8 digital 
control 
signal. 
When 
this 
pin 
is connected 
to it Logic 
"," 
(>2.0 
V) the microphone 
dc return 
path 
and the transmit 
amplifier 
output 
are disabled. 


13 
MIC 
MICrophone 
negative 
supply 
terminal. 
The dc current 
from 
the 
electret 
microphone 
is returned 
to V- 


through 
the 
MIC terminal 
which 
is connected 
to the collector 
of an on-ehip 
NPN transistor. 
The base of 
this 
transistor 
is controlled 
either 
internally 
by the 
mute 
signal 
from 
the 
DTMF 
generator, 
or externally 
by the 
logic 
input 
pin 
MM. 


14 
TXL 
Transmit 
Input 
limiter. 
An internal 
variable 
resistance 
element 
atthe 
TXL terminal 
controls 
the transmitter 
input 
level 
to prevent 
clipping 
with 
high 
signal 
levels. 
Coupling 
capacitors 
C4 and C5 prevent 
de current 
flow 
through 
TXL. The dynamic 
range 
of the transmit 
peak 
limiter 
is controlled 
by resistors 
R1 and R2. 


1S 
TXI 
Transmit 
Amplifier 
Input. 
TXI 
is the 
input 
to the 
transmit 
amplifier 
from 
an electret 
microphone. 
AC 
coupling 
capacitors 
allow 
the dc offset 
at TXI to be maintained 
approximately 
0.6 V above 
V - 
by feedback 
through 
resistor 
R3 from 
TXe. 


16 
TXe 
Transmit 
Amplifier 
Output. 
The transmit 
amplifier 
output 
drives 
ac current 
through 
the voltage 
regulator 
pass-transistor 
T1 via resistor 
R4. The dc bias voltage 
at TXO is typically 
0.6 volts 
above 
V -. 
The transmit 
amplifier 
gain 
is controlled 
by the 
R3I(R1 
•• R21 ratio. 


17 
STA 
SideTone 
Amplifier 
output. 
STA 
is the 
output 
of the 
sidetone 
inverter 
amplifier 
whose 
input 
is driven 
by the transmit 
signal 
at TXO. The inverted 
transmit 
signal 
from 
STA subtracts 
from 
the receiver 
amplifier 
input 
current 
from 
V +, thus 
reducing 
the 
receiver 
sidetone 
level. 
Since 
the transmitted 
signal 
at V + is 
phase 
shifted 
with 
respect 
to TXe 
by the 
reactive 
impedance 
of the 
phone 
line. 
the 
signal 
from 
STA 
must 
be similarly 
phase~shifted 
in order 
to provide 
adt:fquate 
sidetone 
reduction. 
This phase 
relationship 
between 
the transmit 
signal 
at TXe 
and the 
sidetone 
cancellation 
signal 
from 
STA 
is controlled 
by RS. 
R6. and C6. 


18 
RM 
Receiver 
Amplifier 
Mute. 
A switched 
resistance 
at the 
RM terminal 
attenuates 
the 
receiver 
amplifier 
input 
signal 
produced 
by DTMF 
dialing 
tones 
at V +. RM also 
mutes 
clicks 
at the 
receiver 
which 
resutt 
from 
keypad 
or hook 
switch 
transitions. 
The 
ac resistance 
at RM is typically 
540 n in the 
mute 
mode 
and 
200 kfi 
otherwise. 
Coupling 
capacitors 
C7 and C8 prevent 
dc current 
flow 
through 
RM. 


19 
RXI 
Receiver 
Amplifier 
Input. 
RXI is the input 
terminal 
of the 
receiver 
amplifier 
which 
is driven 
by ac signals 
from 
V + and 
STA. 
Input 
coupling 
capacitor 
C8 allows 
RXI to be biased 
approximately 
0.6 volts 
above 
the V - 
via feedback 
resistor 
R9. 


20 
RXe 
Receiver 
Amplifier 
Output. 
This terminal 
is connected 
to the open-collector 
NPN output 
transistor 
of the 
receiver 
amplifier. 
DC bias 
current 
for 
the 
output 
device 
is sourced 
through 
the 
receiver 
from 
VR. The 
bias voltage 
at RXe 
is typically 
0.6 volts 
above 
the V - . Capacitor 
C1 0 from 
RXe to VR provides 
frequency 
compensation 
for 
the 
receiver 
amplifier. 


II 


III 


PIn 
DMlgnation 
Function 


21 
CAL 
Amplitude 
CALibration 
terminal 
for OTMF dialer. 
Resistor 
Rll 
from 
the CAL pin to V - 
controls 
the OTMF 
output 
signal 
level 
at Tip and 
Ring. 


22 
VR 
Voltage 
Regulator 
output 
terminal. 
VR is the output 
of a 1.1 volt 
voltage 
regulator 
which 
supplies 
power 
to the speech 
network 
amplifiers 
and DTMF 
generator 
during 
signaling. 
To improve 
regulator 
efficiency 
at low 
line current 
conditions. 
an external 
PNP pass·transistor 
T1 is used in the regulator 
circuit. 
Capacitor 
C9 frequency 
compensates 
the VR regulator 
to prevent 
oscillation. 


23 
V- 
The de common 
(more 
negative 
input) 
connected 
to Tip and 
Ring 
through 
the polarity 
guard 
bridge. 


24 
LR 
DC Load 
Resistor. 
Resistor 
A12 from 
LR to V- 
determines 
the de input 
resistance 
at Tip and 
Ring. 
This 
resistor 
is external 
not 
only 
to enable 
programming 
the 
de resistance 
but 
also 
to avoid 
high 
on-chip 
power 
dissipation 
with 
short 
telephone 
lines. 
It acts as a shunt 
load conducting 
the excess 
dc line current. 


At low 
line voltages 
«3.0 
volts). 
no current 
flows 
through 
LA. 


25 
BP 
Base of a PNP Pass·transistor. 
Under 
long·loop 
conditions 
where 
low 
line voltages 
would 
cause 
VR to 
fall below 
1.1 volts, 
BP drives 
the PNP transistor 
Tl 
into 
saturation, 
thereby 
minimizing 
the voltage 
drop 
across 
the pass transistor. 
At line voltages 
which 
maintain 
VR above 
1.1 volts, 
BP biases 
Tl 
in the linear 
region 
thereby 
regulating 
the 
VR voltage. 
Transistor 
Tl 
also 
couples 
the 
ac speech 
signals 
from 
the 
transmit 
amplifier 
to Tip and 
Ring 
at V + . 


26 
V+ 
The more 
positive 
input 
to the regulator, 
speech, 
and DTMF 
sections 
connected 
to Tip and Ring through 
the 
polarity 
guard 
diode 
bridge. 


27 
LC 
DC Load 
CaRacitor. 
Capacitor 
Cl1 
from 
LC to V - 
forms 
a low·pass 
filter 
which 
prevents 
the 
resistor 
at 
LR from 
loading 
ac speech 
and 
OTMF 
signals. 


28 
FB 
FeedBack 
terminal 
for 
DTMF 
output. 
Capacitor 
C13 connected 
from 
FB to V + provides 
ac feedback 
to 
reduce 
the 
output 
impedance 
to Tip and 
Ring 
when 
tone 
dialing. 


Rl 
FB 


R2 
LC 


R3 
v· 


4 
BP 
R4 


Cl 
LR 


6 
C2 
v- 


C3 
OUT 
VR 


8 
CAL 
C4 


9 
CR2 
RXO 
l00PFr .= 
to 
CRl 
RXI 
r 100 pF 
11 
18 
AGC 
RM 


12 
17 
MM 
STA 


13 
MIC 
16 
TXO 


14 
15 
TXL 
TXI 
Not•• : 
1. -Selected 
oer.mic 
relOn.tor: 
500 kHz::: 
2.0 kHz. 


2. capacitanen 
in ",F unles. 
noted. 
3. All r•• itt.nee. 
in ohm •. 


26 
ISp 
+ 
.I.. Vs 


General 
- 
Test 
22 
VR 
Circuit 


a. 
Measure 
VR with 
Vs 
= '.7 
V 


b. 
Measure 
ISp with 
Vs 
~ 1.7 V 


c. 
Measure 
ISp with 
Vs 
~ 5.0 V 


General 
Test 
Circuit 


With 
S, 
open 
measure 
ITA. Close S1 and again 
measure 
ITR. Calculate: 


41TR = ITR I - 
ITRI 
s, 
S, 


Closed 
Open 


General 
Test 
Circuit 


a. 
Measure 
lOT with 
Vs 
~ 11.5 V 


b. 
Measure 
lOT with 
Vs 
~ 26 V. Calculate 


410T 
~ lOT I - 
lOTI 


26V 
11.5V 


General 
Test 
Circuit 


a. 
Set Vs 
= 5.0 V and ILR ~ 10 mA. Measure 
VLR. 


Calculate 
4VLR 
= Vs 
- 
VLR 


b. 
Repeat Test 4a with 
Vs 
= 18 V and ILR = 110 mA 


II 


•• 


( 


' 


'Rm 


General 


Test 
Circuit 


With 
5, 
open 
measure 
VLC. 


Close 5, 
and measure 
ILe. 


Calculate: 


5.0 
- 
VLC 
RLC ~ --IL-C-- 


General 
Test 


Circuit 


8. 
Set S, 
to Terminal 
2 and measure 
voltage 
at Terminal 
1 
(VRDC)· 


b. 
Set S, to Terminal' 
1m = 11 and measure 
'R1' Calculate: 


RR1 = VRDC 
.;. IR1 


c,d,e. 
Repeat Test 7b for m = 2,3,4. 


General 


Test 
Circuit 


Set ISp = 0.0 p.A and measure 
VR. 


SetlSP 
~ '50 p.A and measure 
VR. Calculate: 


<1VR ~ VR I - 
VR I 


0.0 p.A 
'50 p.A 


S, 


~-l0V 


General 
Test 
Circuit 


a. 
Set S, 
to Terminal 
5 (n ~ 
'1 and measure 
IC'. 
Calculate: 


RC1 = '.OV.;. 
IC1 


b,c,d. 
Repeat Test 8a for n ~ 2,3,4. 


General 
Test 
Circuit 


a. Set S, to Terminal' 
(m = 11with 
V, 
~ '.0 Vdc. Verify 


VMIC is low 
(VMIC < 0.3 Vdcl. Decrease V, to 0.70 VROC 
and verify 
VMIC switches 
high. (VMIC > 0.5 Vdc). VROC 
is obtained 
from 
Test 7a. 


b,c,d. 
Repeat Test 9a for rows 2,3, and 4. (m = 2,3.41 


General 
Test 
Circuit 


General 
Test 
Circuit 


a. Set S, to TerminalS 
(n = ') with 
V, 
~ 0 Vdc, Verify 


VMIC is low (VMIC <0.3 Vdcl. Increase V, to 0.30 VROC 
and verify 
VMIC switches 
high, (VMIC > 0.5 Vdc). VROC 
is obtained 
from 
Test 7a. 


b,c,d. 
Repeat Test 'Oa for columns 
2,3, and 4. (n 
= 2.3.4) 


a. With 
V, 
~ 0.0 V set S, to Terminal' 
(m = ,) and 
measure 
frequency 
of tone at V +. 


b. Repeat Test"a 
for rows 2.3 and 4. 1m = 2,3,41. 


c. 
With 
V, 
= '.0 V set S, to TerminalS. 
(n = 
'1 and 


measure 
frequency 
of tone 
at V + 


d. 
Repeat Test for columns 
2,3. and 4. In 
= 2,3.41. 


e. 
Set Sl 
to Terminal 
4 and Vl 
= 0.0 V. Measure 
row tone 
amplitude 
at V + (VROW). 


f. 
Set 51 to Terminal 
8 and Vl 
= 
1.0 V. Measure 
column 
tone amplitude 
at V +. (VCOl). 


g. 
Using 
results 
of Tests 
lle 
and l1f. 
calculate: 


VCOl 
dBCR = 20 10g,0 VROW 


General 


Test 
Circuit 


Measure 
V + and V, 
with 
a true rms voltmeter. 
Calculate: 


V,(rms) 


% DIS = --- 
x '00 
V+(rmsl 


General 
Test 
Circuit 


General 
Test 
Circuit 


Measure 
IS at V, 
~ 1.8 V and V, 
~ 2.8 V. 


Calculate: 


Ro = 1.0 V -;-[Isl - 
Isl 
] 
2.8 V 
'.8 
V 


IMM 
12 


IMIC 
13 


+ 
+ 


General 
Test 
Circuit 


a. 
Set V, 
~ 2.0 V and measure 
'MIC. 


b. 
Set V, 
~ 5.0 V and measure 
'MM. 
Calculate: 
RMM 
= 5.0 V -;- IMM 


26 


16 
VTXO 
+ 


General 
15 
l50V 


Test 
VTXI 
- 
Circuit 


~" 
+ 
I 


a. 
With 
51 open, 
measure 
VTXO. 
Using 
VR obtained 
in Test 
1 Calculate: 
BTXO 
= VTXO 
-;- VR 


b. 
With 
51 open, 
measure 
VTXO 
and VTXI. 
Calculate: 


ITXI = (VTXO 
- 
VTXI) 
-;- 200 kfi 


c. 
Close 
51 and 
set I ~ 
-10 
I'A. Measure 
VTXO. 
Calculate: 


VTXO( +) 
= VR - 
VTXO 
where 
VR is obtained 
from 
Test 
1. 


d. 
Close 
51 and set I = + 10 jJA. Measure 
VTXO' 


VTXO( 
-) 
~ VTXO' 


FIGURE 
24 - 
TEST 
EIGHTEEN 


26 


General 
Test 
Circuit 


V5TA 
+ 


VTX2I..5.0 
V 


O.lI'F 


+ l.f - 1.0 kHz 
l~ 


General 
Test 
Circuit 


a. 
Set the generator 
for vi = 3.0 mVrms' 
Measure 
ae 


voltage 
VTXO. 
Calculate: 
GTX ~ '!'IXO 
vi 


b. 
Measure 
ac voltage 
VSTA. 
Using 
VTXO 
from 
Test 
17a 
calculate: 


G 
-~ 
5TA 
- 
VTXO 


FIGURE 25 - 
NINETEEN 


26 


General 


Test 


Circuit 


51? 


~I 


a. 
With 
51 open, 
measure 
VRXO. 
Using 
VR obtained 
in Test 
1, calculate: 
BRXO 
~ VRXO 
-;- VR· 


b. 
With 
51 open, 
measure 
VRXO 
and VRXI. 
Calculate: 


'RXI 
~ 
(VRXO 
- 
VRX1) 
-;- 100 kfi 


c. 
Close 
51 and set I = 
-10 
jJA. Measure 
VRXO. 
Using 
VR 
obtained 
in Test 
1, calculate: 
VRXO 
(+) 
~ VR 
- 
VRXO. 


d. 
Close 
51 and set I = + 10 jJA and 
measure 
VRXO' 


VRXO( -) 
~ VRXO· 


II 


•• 


General 


Test 
Circuit 


lAMS,[l 


18 
A lO.4 V 


t l~oJ 
vAM S 


~ 
0.1I'F~~ 


1.0 Vrms 
--. 
~Vi 


'.0 kHz 
a. With 52 open and 51 in position 


A measure 
IRM. 


Calculate: 
AAMIOFF) 
~ 0.4 V ~ 
lAM 


b. Close 52 and switch 
5, to position 
B. Measure ac 
voltages 
vi and VRM. 
Calculate: 
V 


AAMION) 
~ ~ 
x 10 kll 
vi - 
VAM 


S, 


'4 
A lO.4 V 
t 1:,% 


VTXL S 
-J- 
O.'I'F~~ 


vi 
1.0 Vrms•.•...•. 
I 


'.0 
kHz 
-L 


General 
Test 


Circuit 


a. Set 5, to position 
A with 52 open. Measure ITXL. 
Calculate: 
ATXL 
IOFF) 
~ 0.4 V ~ 
ITXL. 


b. 
Set 5, 
to position 
8 and close 52. Measure 
ac voltages 
Vi 


and 
VTXL. 
Calculate: 


ATXL 
ION I ~ ~v 
x 5.' 
kfl 
vi - 
TXL 


A1 


2 
A2 


3 
A3 
4 
A4 


C, 
LA 


C2 
V- 


C3 MC340'3A 
VA 


8 
C4 
CAL 


9 CA2 
AXO 


10 CA1 


'1 
AGC 


NC'2 
MM 


13 
MIC 


14 
TXL 


Switch 5, 
is controlled 
by hook switch. 
Illustrated in "off-hook" 
condition 


Figure 28 specifies a typical application circuit for the 


MC34013A. Complete listings of external components 
are provided at the end of this section along with nom- 
inal component 
values. Component values should be 
varied to optimize telephone performance parameters 
for each application. The relationships between the ap- 
plication circuit components and certain telephone pa- 
rameters are briefly described in the following: 


Off-Hook DC Resistance 
R12 conducts the dc line current 
in excess of the 


speech and dialer bias current. Increasing R12 increases 
the input resistance of the telephone for line currents 
above 10 mA. R12should be selected between 30 0 and 
1200. 


Off·Hook AC Impedance 
The ac input impedance is equal to the receive am- 
plifier load impedance (at RXO) divided by the receive 
amplifier gain Ivoltage gain from V + to RXO). Increas- 
ing the impedance of the receiver increa,sesthe imped- 
ance of the telephone. Increasing the gain of the receiver 
amplifier decreases the impedance of the telephone. 


DTMF Output Amplitude 
Rll 
controls the amplitude 
of the row and column 
DTMFtones. Decreasing Rll 
increases the level of tones 


generated at V +, The ratio of the row and column tone 
amplitudes 
is internally 
fixed. Rll 
should be greater 
than 200 to avoid excessive current in the DTMF output 
amplifier. 


Transmit Output Level 
R4controls the maximum signal amplitude produced 
at V+ 
by the transmit 
amplifier. 
Decreasing R4 in- 


creases the transmit output signal at V +. R4 should be 


greater than 220 II to limit current in the transmit am- 
plifier output. 


Transmit Gain 
The gain from the microphone to the telephone line 
varies directly with R3. Increasing R3 increases the sig- 
nal applied to R4 and the ac current driven through R4 
to the telephone 
line. The closed loop-gain from the 
microphone to the TXO terminal should be greater than 
10 to prevent transmit amplifier 
oscillations. 


Note: Adjustments to transmit level and gain are com- 


plicated by the addition of receiver sidetone cur- 
rent to the transmit 
amplifier 
output current at 
V +. Normally the sidetone current from the re- 
ceiver will increase the transmit signallif 
the cur- 


rent in the receiver is in phase with that in R4). 
Thus the transmit gain and sidetone levels can- 
not be adjusted independently. 


Receiver Gain 
Feedback resistor R9 adjusts the gain at the 'eceiver 
amplifier. Increasing R9 increases the receiver amplifier 
gain, 


Sidetone Level 
Sidetone reduction is achieved by the cancellation of 
receiver amplifier input signals from R8. R6, R7 and C6 
determine the phase of the sidetone balance. The ac 
voltage at the junction of R6 and R7 should be 180 


0 out 
of phase with the voltage at V +. R7 is selected such 
that the signal current in R7 is slightly greater than that 
in R8. This insures that the sidetone current in the re- 
ceiver adds to the transmit amplifier output current. 


II 
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EXTERNAL COMPONENTS 


(Component 
Labels 
Referenced 
to Figure 
281 


Nominal 
Capacitor. 
Value 
Description 


Cl. 
C2 
100 pF 
CeramiC 
Resonator 
OSCillator capacitors. 


C3 
1.0 I'F. 30 V 
Transmit 
limiter low-pass 
fllter capacitor. 
controls 
attack 
and decay 
time of transmit 
peak limiter. 


C4.C5 
O.lI'F 
Transmit 
amplifier 
mput capacItors: 
prevent 
de current 
flow into TXL 
pin and attenuate 
low-frequency 


nOise on microphone 
lead. 


C6 
0051'F 
Sldetone 
network 
capacitor· 
provides 
phase-shift 
in sldetone 
path to match 
that caused 
by telephone 


hne reactance. 


C7. C8 
0.051'F 
Receiver 
amplifier 
input capacitors: 
prevent de current flow into RM terminal 
and attenuates 
low frequency 


noise on the telephone 
line. 


C9 
22 
I'F. 3.0 V 
VR regulator 
capacitor 
frequency 
compensates 
the VR regulator 
to prevent 
oscillation. 


Cl0 
O.OlI'F 
Receiver 
amphf!er output capacitor: 
frequency 
compensates 
the receiver 
amplifier 
to prevent 
oscillation 


Cll 
0.1 I'F 
DC load filler capacitor' 
prevents 
the dc load circuit 
from attenuating 
ac signals 
on V + . 


C12 
0011'F 
Telephone 
line bypass 
capacItor. 
terminates 
telephone 
line for high 
frequency 
signals 
and 
prevents 
oscillation 
In the VR regulator. 


C13 
O.lI'F 
DTMF output feedback 
capacitor: 
ac couples 
feedback 
around 
the DTMF output amplifier 
which 
reduces 


output 
impedance. 


Nominal 
Resistors 
Value 
Description 


A12 
82.10 
W 
DC load reSistor 
conducts 
aU dc line current 
In excess 
of the current 
required 
for speech 
or dialing 
CirCUits: controls 
the off-hook 
dc resistance 
of the telephone. 


A8. AlO 
150k.56k 
Receiver 
amplifier 
Input resistors: 
couple ac input signals from the telephone 
line to the receiver 
amplifier; 
Signal In AS subtracts 
from that in R7 to reduce 
sidetone 
in receiver. 


A9 
200 k 
Receiver 
amplifier 
feedback 
resistor: 
controls 
the gain of the receiver 
amplifIer. 


A6. A7 
1.5k.30k 
Sidetone 
network 
resistors: 
drive receiver 
amplifier 
input with the inverted 
output 
signal from the trans- 


mitter: 
phase of signal 
in R7 should 
be opposite 
that in AS. 


A4 
270 
Transmit 
amplifier 
load resIstor: 
converts 
output 
voltage 
of transmit 
amplifier 
into a current 
that drives 
the telephone 
line: controls 
the maximum 
transmit 
level. 


A3 
200 k 
Transmit 
amplifier 
feedback 
resistor: 
controls 
the gain of the transmit 
amplifier. 


At. 
A2 
4.7 k. 4.7 k 
TransmIt 
amplifier 
Input resistors: 
couple signal from microphone 
to transmit 
amplifier: 
control the dynamic 
range of the transmit 
peak limIter. 


All 
36 
DTMF 
calibration 
resistor: 
controls 
the output 
amplitude 
of the DTMF 
dialer. 


AX 
3.0 k 
Microphone 
bias resistor: 
sources 
current 
from VA to power 
a 2-terminal 
electret 
microphone; 
AX is not 
used with 3-termlnal 
mIcrophones. 


Semiconductors 
Electret 
Mic 
Receiver 


Bl 
= 
MDA l06A. 
or equivalent, 
2 Terminal, 
Primo 
EM-95 
(Use 
RX) 
Primo 
Model 
DH·34 (300 III or equivalent 
or 4·1N4005 
or equivalent 
T1 = 2N4126 
or equivalent 
3 Terminal, 
Primo 
07AlalP 
(Remove 
RX) 


21 
= 18 V. 1.5 W. 1N5931A 
or equivalent 
XFl- muRata 
CSB500 


or equivalent 


@ MOTOROLA 


Specifications 
and Applications 
Information 
TELEPHONE 
SPEECH NETWORK 
WITH 
DIALER INTERFACE 
TELEPHONE 
SPEECH 
NETWORK 
WITH 
DIALER 
INTERFACE 
SILICON MONOLITHIC 
INTEGRATED CIRCUIT 
The MC34014 is a Telephone Speech Network integrated circuit 
which 
incorporates 
adjustable 
transmit, 
receive, and sidetone 
functions, 
a dc loop interface circuit, tone dialer interface, and a 
regulated output voltage for a pulse/tone dialer. Also included is 
an equalization 
circuit which 
compensates 
gains for line length 
variations. 
The conversion 
from 2-to-4 wire is accomplished 
with 
a supply voltage as low as 1.5 volts. The MC34014 is packaged in 
a standard 
18-pin (0.3" wide) 
plastic DIP, and a 20-pin surface 
mount f'LCC package. 


• Transmit, 
Receive, and Sidetone Gains Set by 
External Resistors 


• 
Loop Length Equalization for Transmit, 
Receive, and 
Sidetone Functions 


• 
Operates Down to 1.5 volts (V + ) in Speech Mode 


• 
Provides Regulated Voltage for CMOS Dialer 


• 
Speech Amplifiers 
Muted During Pulse and Tone Oialing 


• 
DTMF Output Level Adjustable 
with a Single Resistor 


• 
Compatible 
with 2-Terminal 
Electret Microphones 


• 
Compatible 
with Receiver Impedances of 150 n and Higher 


II 
..- 
1 
PSUFFIX 
PLASTIC 
PACKAGE 
CASE 707-02 


20. 
FNSUFFIX 
PLASTIC 
PACKAGE 
CASE 775-01 
PLCC-20 


} 
TO 
Receiver 


To 
Dialer 
Circuit 


II 


Pin /I 
Pin /I 


PlCC 
DIP 
Name 
Description 


2 
1 
MIC 
Microphone 
negative 
supply. 
Bias cur- 


rent from 
the electret 
microphone 
is 
returned 
to V - 
through 
this 
pin, 


through 
an open 
collector 
NPN 
transis- 


tor whose 
base 
is controlled 
by an in- 
ternal 
mute 
signal. 
During 
dialing, 
the 


transistor 
is off, disabling 
the 
microphone. 


3 
2 
TXI 
Transmit 
amplifier 
input. 
Input 
imped- 


ance is 10 kfl. 
Signals 
from 
the 
micro- 


phone 
are input 
through 
capacitor 
C5 
toTXI. 


4 
3 
TXO 
Transmit 
amplifier 
output. 
The 
ae sig- 


nal current 
from 
this output 
flows 


through 
the VR series 
pass transistor 
via R9 to drive 
the 
line at V +. Increas- 
ing R9 will 
decrease 
the signal 
at V +. 
The output 
is biased 
at =0.65 
V to al- 
low for maximum 
swing 
of ae signals. 


The closed 
loop 
gain from 
TXI to TXO 
is internally 
set at 26 dB. 


6 
4 
STA 
Sidetone 
amplifier 
output. 
Input 
to this 
amplifier 
is TXO. The signal 
at STA 
cancels 
the sidetone 
signals 
in the 
re- 


ceive 
amplifier. 
The 
signal 
level 
at STA 
increases 
with 
loop 
length. 


7 
5 
CC 
Compensation 
Capacitor. 
A capacitor 
from 
CC to ground 
will 
compensate 


the 
loop 
length 
equalization 
circuit 
when 
additional 
stability 
is required. 
In 
most 
applications, 
CC remains 
open. 


8 
6 
EO 
Equalization 
amplifier 
output. 
A par· 
tion 
of the V + signal 
is present 
on this 
pin to provide 
negative 
feedback 
around 
the transmit 
amplifier. 
The 


feedback 
decreases 
with 
increasing 
loop 
length, 
causing 
the 
ac impedance 


of the 
circuit 
to increase. 


9 
7 
RXI 
Receive 
amplifier 
input. 
Input 
imped· 


ance is >100 
kfl. 
Signals 
from 
the line 


and sidetone 
amplifier 
are summed 
at 
RXI. 


10 
8 
RXO 
Receive 
Amplifier 
output. 
RXO 
is 


biased 
by a 2.5 mA current 
source. 


Feedback 
maintains 
the dc bias volt- 
age at =0.65 
V. Increasing 
R4 (be- 
tween 
RXO and RXI) will 
increase 
the 


receive 
gain. 
C4 stabilizes 
the 
ampli· 
fier. 
C3 couples 
the signals 
to the 
re· 
ceiver. 
The 
2.5 mA current 
source 
is 
reduced 
to 0.4 mA when 
dialing. 


11 
9 
RMT 
Receiver 
Mute. 
The 
ac receiver 
current 
is returned 
to V - 
through 
an open 
collector 
NPN transistor 
and a parallel 
10 kfl 
resistor. 
The base of the 
NPN is 
controlled 
by an internal 
mute 
signal. 


During 
dialing 
the transistor 
is off, 


leaving 
the 
10 kO resistor 
in series 
with 
the 
receiver. 


Pin /I 
Pin /I 


PLCC 
DIP 
Name 
Description 


12 
10 
V- 
Negative 
supply. 
The most 
negative 
in- 


put connected 
to Tip and Ring through 
the polarity 
guard 
diode 
bridge. 


13 
11 
VR 
Regulated 
voltage 
output. 
The VR volt- 


age is regulated 
at 1.2 V and biases 


the 
microphone 
and the speech 
cir- 
cuits. 
An internal 
series 
pass 
PNP tran- 


sistor 
allows 
for regulation 
with 
a line 
voltage 
as low 
as 1.5 V. Capacitor 
C8 


stabilizes 
the 
regulator. 


14 
12 
LC 
DC load capacitor. 
An external 
capaci- 


tor C7 and 
an internal 
resistor 
form 
a 
low 
pass filter 
between 
V + and LR to 
prevent 
ac signals 
from 
being 
loaded 
by the dc load 
resistor 
R5. Forcing 
LC 
to V - 
will 
turn 
off the dc load current 


and 
increase 
the V + voltage. 


15 
13 
LR 
DC load 
resistor. 
Resistor 
R5 from 
LR 


to V - 
determines 
the dc resistance 
of 


the telephone, 
and 
removes 
power 
dissipation 
from 
the chip. 
The LR pin 
is biased 
2.8 volts 
below 
the V + volt- 
age (4.5 volts 
in the tone 
dialing 
model. 


16 
14 
V+ 
Positive 
supply. 
V + is the 
positive 
line 
voltage 
(from 
Tip & Ringl 
through 
the 
polarity 
guard 
bridge. 
All sections 
of 
the MC34014 
are powered 
by V +. 


18 
15 
VDD· 
VDD regulator. 
VDD is the output 
of a 
shunt 
type 
regulator 
with 
a nominal 
voltage 
of 3.3 V. The nominal 
output 


current 
is increased 
from 
550 /-LA to 
2 mA when 
dialing. 
Capacitor 
C9 stabi- 


lizes the 
regulator 
and 
sustains 
the 
VDD voltage 
during 
pulse 
dialing. 


19 
16 
TI 
Tone 
input. 
The DTMF signal 
from 
a 
dialer 
circuit 
is input 
at TI through 
an 


external 
resistor 
R7. The 
current 
at TI 
is amplified 
to drive 
the 
line at V +. 
In- 


creasing 
R7 will 
reduce 
the 
DTMF out- 


put levels. 
The input 
impedance 
at TI 
is nominally 
1.25 kfl. 


20 
17 
MS 
Mode 
select. 
This 
pin is connected 
through 
an internal 
600 
kO resistor 
to 
the 
base of an NPN transistor. 
A Logic 
"1" 
(>2.0 
V) selects 
the pulse 
dialing 
mode. 
A Logic 
"0" 
«0.3 
V) selects 
the 
tone 
dialing 
mode. 


1 
18 
MT 
Mute 
input. 
MT 
is connected 
through 
an internal 
100 kO resistor 
to the 
base 
of a PNP transistor, 
with 
the emitter 
at 
VDD. A Logic 
"0" 
«1.0 
V) will 
mute 
the 
network 
for either 
pulse 
or tone 
di- 
aling. 
A Logic 
"1" 
(>VDD 
- 
0.3 VI 
puts the 
MC34014 
into the speech 
mode. 


Voo 


Output 


Mute 


PulserTone 
Select 


CB 
2.0 
~ 


VR 


3 
11 


R6 


10 k 
C5 


005 
2 
10 k 


TXI 


R7 


22 k 
TI 


R1 


R5 
150 k 


47. ';'w 


13 
LR 
C7 
0.2 


~ 


R2 
STA 
10 k 


C2 
0.05 


C4 
J 0.05 


II 


II 


Parameter 
Value 
Units 


V+ 
Voltage 
-1.0, 
+ 18 
Vdc 


VOO (externally 
applied, 
V + = 0) 
- 1.0, 
+6 
Vdc 


VLR 
- 1.0, V+ 
- 
3.0 
Vdc 


MT, 
MS 
Inputs 
- 1.0, VOO 
+ 1.0 
Vdc 


Storage 
Temperature 
-65, 
+ 150 
°C 


Parameter 
Value 
Units 


V + Voltage 
(Speech 
Model 
+1.5to 
+15 
Vdc 
(Tone 
Dialing 
Mode) 
+3.3 
to 
+ 15 
Vdc 


ITXO 
(Instantaneousl 
o to 10 
mA 


Ambient 
Temperature 
- 20 to 
+60 
°C 


ELECTRICAL 
CHARACTERISTICS 
(Refer 
to Figure 
1I (TA 
~ 25°CI 


Parameter 
I 
Symbol 


V+ 
Voltage 
V+ 
Vdc 


Iloop 
~ 
20 mA 
(Speech/Pulse 
Mode) 
2.6 
3.2 
3.8 


Iloop 
= 30 mA 
(Speech/Pulse 
Mode) 
3.0 
3.7 
4.4 
Iloop 
~ 
120 mA 
(Speech/Pulse 
Mode) 
7.0 
8.2 
9.5 
Iloop 
= 20 mA 
(Tone 
Mode) 
4.1 
4.9 
5.7 
11000 ~ 30 mA 
(Tone 
Model 
4.6 
5.4 
6.2 


V + 
Current 
(Pin 
12 Grounded) 
1+ 
mA 
V+ ~ 1.7 V (Speech 
Mode) 
4.0 
6.6 
8.5 
V + 
= 12 V (Speech/Pulse 
Modes) 
5.5 
8.4 
12.5 
V+ 
= 12 V (Tone 
Mode) 
6.0 
8.8 
14.0 


LR Level 
Shift 
(V + 
- 
VLRI 
aVLR 
Vdc 
(Speech/Pulse 
Mode) 
- 
2.7 
- 
(Tone 
Mode) 
- 
4.3 
- 


LC Terminal 
Resistance 
RLC 
36 
57 
94 
kll 


VA'Voltage 
(V + 
= 1.7 V) 
VR 
1.1 
1.2 
1.3 
Vdc 
Load 
Regulation 
(0 mA < IR < 6.0 mAl 
aVRLO 
- 
20 
- 
mV 
Line 
Regulation 
(2.0 V < V + < 6.5 V) 
aVRLN 
- 
25 
- 
mV 


VOO Voltage 
(V + 
~ 4.5 VI 
VOO 
3.0 
3.3 
3.8 
Vdc 
Load 
Regulation 
(0 < 100 < 1.6 mAl 
(Dialing 
Mode) 
aVOOLO 
- 
0.25 
- 
. Vdc 


Line 
Regulation 
(All 
Modes) 
(4.0 V < V + < 9.0 V) 
aVOOLN 
- 
50 
- 
mV 
Max. 
Output 
Current 
(Speech 
Mode) 
IOOSp 
375 
550 
1000 
!LA 
Max. 
Output 
Current 
(Dialing 
Model 
IOOOL 
1.6 
2.0 
3.6 
mA 


VOO Leakage 
Current 
(V + 
= 0, VOO = 3.0 VI 
IOOLK 
- 
- 
1.5 
!LA 


Transmit 
Amplifier 
Gain 
(TXI to TXO) 
ATXO 
- 
20 
- 
VN 


TXO 
Bias Voltage 
(Speech/Pulse 
Model 
VTXOSP 
0.45 
0.52 
0.60 
x VR 
TXO 
Bias Voltage 
(Tone 
Mode 
Mode) 
VTXOOL 
VR - 25 
VR - 5.0 
- 
mV 
TXO 
High 
Voltage 
(Speech/Pulse 
Mode) 
VTXOH 
VR - 25 
VR - 5.0 
- 
mV 
TXO 
Low 
Voltage 
(Speech/Pulse 
Mode) 
VTXOL 
- 
125 
250 
mV 
TXI Input 
Resistance 
RTXI 
- 
10 
- 
kll 


Receive 
Amplifier 
RXO 
Bias Voltage 
(All 
Modes) 
VRXO 
0.45 
0.52 
0.60 
x VR 
RXO Source 
Current 
(Speech 
Model 
IRXOSP 
1.5 
2.0 
- 
mA 
RXO Source 
Current 
(PulseITone 
Mode) 
IRXOOL 
200 
400 
- 
!LA 
RXO High 
Voltage 
(All 
Modesl 
VRXOH 
VR - 100 
VR - 50 
- 
mV 
RXO Low 
Voltage 
(All 
Modes) 
VRXOL 
- 
50 
150 
mV 


ELECTRICAL 
CHARACTERISTICS 
- 
(continued) 
(TA 
~ 25·C) 


Parameter 
I 
Symbol 


MICROPHONE. 
RECEIVER 
CONTROLS 


MIC Saturation 
Voltage 
(Speech 
Mode. 
I ~ 500 I"A) 
VOlMIC 
- 
50 
125 
mV 


MIC leakage 
Current 
(Dialing 
Mode. 
Pin 1 ~ 3.0 V) 
IMIClK 
- 
0 
5.0 
I"A 


RMT 
Resistance 
(Speech 
Mode) 
RRMTSp 
- 
8.0 
15 
fi 
(Dialing 
Model 
RRMTDl 
5.0 
10 
18 
kfi 


RMT 
Delay 
(Dialing 
to Speech) 
tRMT 
2.0 
4.0 
20 
ms 


MT Input 
Resistance 
RMT 
58 
100 
- 
kfi 


MT Input 
High 
Voltage 
VIHMT 
VDD-0.3 
- 
- 
Vdc 


MT Input 
low 
Voltage 
VllMT 
- 
- 
1.0 
Vdc 


MS Input 
Resistance 
RMS 
280 
600 
- 
kfi 


MS Input 
High 
Voltage 
VIHMS 
2.0 
- 
- 
Vdc 


MS Input 
low 
Voltage 
VllMS 
- 
- 
0.3 
Vdc 


TI Input 
Resistance 
RTI 
- 
1.25 
- 
kfi 


DTMF 
Gain 
(See Figure 
2) (V+Ninl 
ADTMF 
3.2 
4.8 
6.2 
dB 


Gain 
(TXO 
to STAI 
ASTA 
dB 
(Speech 
Mode) 
(a, VlR 
~ 0.5 V 
- 
-15 
- 
(Speech 
Mode) 
(a' VlR 
~ 2.5 V 
- 
-21 
- 
(Pulse 
Model 
(d' VlR 
= 0.2 V 
- 
-15 
- 
(Pulse 
Model 
(cv VlR 
~ 
1.0 V 
- 
-21 
- 


ST A Bias Voltage 
(All 
Modesl 
VSTA 
0.65 
0.8 
0.9 
x VR 


Gain 
(V + to EQ) 
AEQ 
dB 
(Speech 
Mode) «,. VlR 
= 0.5 V 
- 
-12 
- 
(Speech 
Mode) 
(a' VlR 
~ 2.5 V 
- 
-2.5 
- 
(Pulse 
Model 
(a' VlR 
= 0.2 V 
- 
- 12 
- 
(Pulse 
Model 
(a' VlR 
~ 
1.0 V 
- 
-2.5 
- 


EQ Bias Voltage 
VEQ 
Vdc 
(Speech 
Model 
(a' VlR 
= 0.5 V 
- 
0.66 
- 


(Pulse 
Mode) 
(a VlR 
= 0.5 V 
- 
1.3 
- 
(Speech, 
Pulse) 
(a' VlR 
~ 2.5 V 
- 
3.3 
- 


-=- 1.0 VI 


II 


II 


Parameter 
Min 
Typ 
Max 
Unit 


Tip-Ring 
Voltage 
(including 
polarity 
guard 
bridge 
drop 
of 1.4 V) 
Vdc 
(Speech 
Model 
Iloop 
= 5.0 mA 
- 
2.4 
- 


Iloop 
= 
10 mA 
- 
3.9 
- 


Iloop 
= 20 mA 
- 
4.6 
- 


Iloop 
= 40 mA 
- 
5.6 
- 


11000 = 60 mA 
- 
6.6 
- 


Transmit 
Gain from 
Vs to V + (Figure 
3) 1I100p = 20 mAl 
28 
30 
31 
dB 
Gain 
change 
as Iloop 
is increased 
to 60 mA 
-6.0 
-4.5 
-3.6 
dB 
Distortion 
- 
2.0 
- 
% 


Output 
noise 
- 
l' 
- 
dBrnc 


Receive 


VRXONS 
(f = 1.0 kHz, Iloop 
= 20 mAl 
(See Figure 
4) 
-16 
-15 
-13 
dB 
Rec,eive 
gain 
change 
as Iloop 
is increased 
to 60 mA 
-5.0 
-3.0 
-2.0 
dB 


Distortion 
- 
2.0 
- 
% 


Sidetone 
Level 
dB 
VRXON 
+ (Figure 
3) 


Iloop 
= 20 mA 
- 
-36 
- 


11000 = 60 mA 
- 
-21 
- 


Sidetone 
Cancellation 
20 
26 
- 
dB 


[V~~O 
(Figure 
4)] 
- 
[VRXO 
(Figure 
3)] 
Iloop 
= 
20 
mA 
dB 
V+ 
dB 


DTMF 
Driver 
3.2 
4.8 
6.2 
dB 
V + Nin 
(Figure 
2) 
11000 = 20 mA 


AC Impedance 
n 
Speech 
mode 
(inc!. C6, See Figure 
41 
Iloop 
= 20 mA 
- 
750 
- 


Zac = 
(600)V + t(VS 
- 
V +) 
Iloop 
= 60 mA 
- 
300 
- 


Tone 
mode 
(including 
C6) 
20 mA < 11000 < 60 mA 
- 
1650 
- 


FIGURE 
4 - 
AC IMPEDANCE, 
RECEIVE 
AND 
SIDETONE 


CANCELLATION 
TEST 


150 k 


10 k 


33 k 


10,..f'I 


INTRODUCTION 
The MC34014 is a speech network 
meant for connec- 


tion 
to the Tip & Ring lines through 
a polarity 
guard 
bridge. 
The circuit 
incorporates 
four 
amplifiers: 
trans- 
mit, receive, 
sidetone, 
and equalization. 
Some 
param- 
eters of each amplifier 
are set by external 
components, 
and in addition, 
the gains of the sidetone 
and equali- 
zation amplifiers 
vary with 
loop current. 


The line 
interface 
portion 
determines 
the de volt- 


age 
versus 
loop 
current 
characteristics, 
and 
pro- 
vides 
the 
required 
regulated 
voltages 
for 
internal 
and external 
use. 


The dialer 
interface 
provides 
three 
modes 
of opera- 
tion: 
speech 
(non-dialing). 
pulse 
dialing, 
and tone 
(DTMF) dialing. 
When switching 
to either dialing 
mode 
some 
parameters 
of the various 
sections 
are changed 
in order to optimize 
the circuit 
operation 
for that mode. 


The following 
table summarizes 
those changes: 


Function 
Speech 
Pul•• 
Tone 


LR Level Shift IV + - VLR) 
2.7 V 
2.7 V 
4.3 V 


VOOSource Current 
550 p.A 
2.0 mA 
2.0 mA 


Transm'it Amplifier 
Functional 
Functional 
Inoperative 


MIC Switch (Pin 1) 
On 
Off 
Off 


Equalization Amplifier 
See Transfer Curves - 
Figure 8 


Sidetone Amplifier 
See Transfer Curves - 
Figure 6 


Receive Amplifier Output Current 
2.5 mA 
400 JJ.A 
400JJ.A 


RMT (Pin 9) Impedance 
8.0 n 
10 kn 
10 kn 


OTMFAmplifier 
Inoperative 
Inoperative 
Functional 


CC Voltage 
VLRI3 
VLR 
VLR 


DC LINE INTERFACE 
(Figure 
5) 
The de line interface 
circuit 
(Pins 10, 12-14) 
sets the 
de voltage 
characteristics 
with 
respect to the loop cur- 
rent. The loop current 
enters at Pin 14 where the internal 
circuitry 
of the 
MC34014 
draws 
S-6 
mA. 
Pin 3 sinks 
(typically) 
3 mA through 
RS. The remainder 
of the loop 
current 
is passed through 
0301 and RS. The resulting 
voltage 
across the entire circuit 
is therefore 
equal to the 
voltage 
across RS' plus the level shift voltage 
from 
Pin 
13 (LR) to Pin 14 (V +), nominally 
2.7 volts in the speech 
and pulse modes. 
In the tone 
mode, the level shift 
in- 
creases to 4.3 volts, the internal 
current changes slightly 
(Figure 6). and the current 
required 
at Pin 3 decreases 
to near zero. These changes 
increase the equivalent 
de 


resistance 
of the circuit, 
raising 
the voltage 
at V + to 
ensure 
adequate 
voltage 
at VDD for the external 
tone 
dialer. See Figure 7 for typical 
voltage 
versus loop cur- 
rent characteristics. 
' 


Capacitor 
C7 at Pin 12 provides 
high frequency 
rolloff 
(above 10Hz) so that RSdoes not load down the speech 
and DTMF signals. 
The voltage 
at VR is an internally 
regulated 
1.2 volt 
supply 
which 
provides 
the bias currents 
for the micro- 
phone and the transmit 
amplifier 
output 
(Pin 3), as well 
as internal 
bias for the various 
amplifiers. 
Capacitor 
Cs 
stabilizes 
the 
regulator. 
The use of an (internal) 
PNP 
transistor 
allows 
VR to be regulated 
with a V + voltage 
as low as 1.S volts. 


5-6 mA 
(Internal 
Circuit) 


10 


V- 


12 


LC 
C7 
~0.2JJ.F 
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TRANSMIT 
AMPLIFIER 
The transmit 
amplifier 
(from TXI to TXO) is inverting, 
with a fixed internal 
gain of 20 VN (26 dB), and a typical 
input impedance 
of 10 kfl (Figure 8), The input bias cur- 


rents are internally 
supplied, 
allowing 
capacitive 
cou- 
pling 
of the microphone 
signals to the amplifier. 


In the speech 
and pulse modes, 
the dc bias level at 
TXO is typically 
0.52 x VR (~0.63 
V), which 
permits 
the 
output 
to swing 
0.55 volts 
in both 
positive 
and 
negative 
directions 
without 
clipping. 
The ac voltage 
signal 
at TXO 
(the 
amplified 
speech 
signal) 
is con- 
verted 
to. an ac current 
by Rg. The ac current 
passes 


./ 


TO~EM10DE 


./ 
•....... 


"./ 
./ 
•....... 


Y 
./ 
•....... 
V 
"./ 


"\ 


V 
./ 
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I 
V 
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RS ~ 47 n - - 
7 
RS ~ 200n 


R7t 0jEN - - 


~ 
o 
2. 4.0 
+> 


60 
80 


Iloop ImAI 


through 
the VR series 
pass transistor 
to V +, modu- 


lating the loop current. 
The voltage 
signal at V + is out 
of phase with 
the signal 
at TXI. 


In the tone 
dialing 
mode, 
the TXO dc bias level 
is 
clamped 
at approximately 
VR-10 mV, rendering 
the am- 


plifier inoperative. 
This action also reduces the TXO bias 
current 
from 
3.0 mA to less than 125 p.A. 


MIC (pin 
1) is connected 
10 an open-collector 
NPN 
transistor, 
and provides 
the ground 
path for the micro- 
phone bias current. In either dialing 
mode, the transistor 
i~ off, disabling 
the microphone. 


R3 
R2 


C1 
To05 


To 


Receive 
Circuit 


SIOETONE 
AMPURER 
The 
sidetone 
amplifier 
provides 
inversion 
of the 
TXO signal 
for the reduction 
of the sidetone 
signal 
at 
the receive 
amplifier 
(Figure 
8). Resistors 
R2 and R3 
determine 
the amount 
of sidetone 
cancellation. 
Ca- 
pacitor 
Cl provides 
phase shift to compensate 
for the 
phase shift created 
by the complex 
impedance 
of the 
Tip & Ring iines. 


The gain of the sidetone amplifier 
varies with the volt- 


age at LR (Pin 131, in effect making 
it a function 
of the 
loop current. 
The maximum 
gain is -15 
dB (0.17 VN) 
at low loop currents, 
and the minimum 
gain is - 21 dB 
(0.09 VN) at high loop current (see Figure 9 for transfer 
curves). For example, 
using 47 n for R5' the gain would 
begin to decrease at =30 mA, and would 
stop decreas- 


ing at =57 mA (speech mode). The dc bias voltage 
at 
STA (Pin 4) changes slightly 
(=50 mY) with 
variations 
in loop current. The output 
is inverted from TXO, which 


is the input to this amplifier. 
Since the transmit 
amplifier 
is inoperative 
in the tone dialing 
mode, 
the sidetone 
amplifier 
is also inoperative 
in that mode. 


" 
I 
"- 
\ 
>-PULSE' 
MODE 
\ 


\ 
\. 
SPEECHMODE- ....•\ 


_-17 
~ 
~ -18 
>-a~ -19 
z 
~ -20 
~ -21 


RECEIVE AMPLIFIER 
The gain of the receive amplifier 
(from V + to RXO) 


is determined 
according to the following 
equation (refer 
to Figure"1O): 


VRXO = R4+ (XCIIR2) 
(AEO) (ATXO) (ASTA)xRAxR4 
V + 
Rl 
((XCIIR2) 
+ R3) (RA + R6) x R2 


Where 
RA = R8/110kn (10 kn = Rin of Tx Amp) 
AEO = Gain of Equalization 
Amp 
ATXO 
= Gain of Transmit 
Amp (20 VN) 
ASTA = Gain of sidetone Amp 
Xc 
= Impedance 
of Cl at frequency 
of 
interest 


The waveform 
at STA (Pin 4) is in phase with that at 
V + (for receive signals), 
hence the plus sign between 
the terms. Due to the variations 
of AEO and ASTA with 


loop current, 
the receive gain will 
vary by =1.5 dB. If 
capacitor 
Cl is not used, the above equation 
is simpli- 
fied by deleting 
the terms containing 
XC. 


The output at RXO is inverted from V + in the receive 
mode. In the transmit 
mode, the V + -to-RXO phase re- 


lationship 
depends on the amount 
of sidetone 
cancel- 
lation (determined 
by R2 and R3 and Cl), and can vary 
from 0° to 180°. 


In the speech mode, the output 
current capability 
(at 
RXOI is typically 
2.0 mA. In either 
dialing 
mode, 
the 
current capability 
is reduced to 400 JJ.Ain order to reduce 
internal current consumption. 
This feature is beneficial 
when this device is used in conjunction 
with a line-pow- 
ered speakerphone 
circuit, such as the MC34018, where 
the 
majority 
of the 
loop 
current 
is needed 
for 
the 
speakerphone. 


RMT (Pin 9) is the return 
path for the receiver's 
ac 
current. This pin is internally 
connected to an open col- 


lector NPN transistor, 
paralleled 
by a 10 kn resistor. In 
the speech mode, the transistor 
is on, providing 
a low 
impedance from RMT to ground. In either dialing mode, 
the transistor 
is off, muting the receive signal. This pre- 


vents 
loud 
"clicks" 
or loud 
DTMF tones 
from 
being 
heard in the receiver 
during 
dialing. 
When 
switching 
from 
either 
dialing 
mode 
to the 
speech 
mode 
(MT 
switches from low to high), the RMT pin switches 
back 
to a low impedance 
after a delay of 2-20 ms. The delay 
reduces clicks in the receiver associated with switching 
from the dialing 
to speech mode. 


EQUILIZATION 
AMPLIFIER 
The equalization 
amplifier 
gain varies with 
loop cur- 
re'nt, and is configured 
in the circuit 
so as to cause a 
variation 
of the network ac impedance 
(when looking in 
from 
the Tip & Ring lines). The gain varies with 
the 
voltage 
at LR (Pin 131. in effect making 
it a function 
of 
the loop current. 
The maximum 
gain is - 2.5 dB (0.75 
VN) at high loop current, and the minimum 
gain is -12 
dB (0.25 VN) and low loop current 
(see Figure 
11 for 
transfer curve). For example, using 47 n for R5' the gain 
would 
begin to increase 
at =30 
mA, and would 
stop 
increasing at =57 mA (speech mode). The output signal 
is in phase with the signal at V +, which is the input to 
this amplifier. 


The dc bias level at EO (Pin 6) varies with the voltage 
at LR (Pin 13) according 
to the curve of Figure 
12. In 
most 
applications, 
this 
level 
shift 
is of little 
conse- 


quence, and may be ignored. 
If a particular 
circuit con- 
figuration 
should 
be sensitive 
to the shift, 
however, 


the output 
signal at EO may be ac coupled 
to the rest 
of the circuit. 
The equalization 
amplifier 
remains 
functional 
in all 
three 
modes, 
although 
in the tone mode, its function 
has no consequence 
when the circuit 
is configured 
as 
shown 
in Figure 1. 


VOO REGULATOR 
The VDD regulator 
is a shunt type 
regulator 
which 
supplies a nominal 
3.3 volts for external dialers, and/or 


II 


II 


other circuitry. 
In the speech mode, the output 
current 
capability 
at Pin 15 is typically 
550 !J.A.In either dialing 
mode, the current capacity is increased to 2.0 mA. 


VDD will 
be regulated 
whenever 
V + is >300 
mV 
above the regulated 
value. As V + is lowered, 
and the 
internal 
pass transistor 
becomes saturated, 
the circuit 
steers current 
away from the external 
load through 
an 
internal current source, in order that the VDD capacitor 
(C9) does not load down speech and DTMF signals at 
V +. As V + is lowered 
below 
1 volt, 
Pin 15 switches 
to a high 
impedance 
state to prevent 
discharging 
of 
any storage 
capacitors. 
or batteries 
used for memory 
retention. 


The VDD voltage 
is unaffected 
by the choice of op- 


erating 
mode. 


DIALER INTERFACE 
The dialer 
interface 
consists 
of the 
mode 
control 
pins, MT and MS (Pins 18 and 17). and the DTMF cur- 
rent amplifier. 


The MT pin, when at a Logic "1" 
(> VDD - 
0.3 V), 
sets the circuit 
into the speech mode, independent 
of 
the state of the MS pin. When the MT pin is at a Logic 
"0" 
« 
1.0 V), the didling mode is determined 
by the MS 
pin. When MS is at a Logic "1" 
(> 2.0 V). the circuit 
is 
in the pulse dialing 
mode, and when at a Logic "0" 
« 
0.3 V) the tone (DTMF) mode is in effect. 


The input 
impedance 
of the MT pin is typically 
100 
k'o, with 
the 
input 
current 
flowing 
out 
of the 
pin 
(from 
VDD). The input 
impedance 
of the MS pin is 
typically 
600 k'o, and the input current 
flows 
into the 
pin (Figure 
1). 


The DTMF amplifier 
(Figure 13) is a current amplifier 
which transmits 
DTMF signals to the V + pin, and con- 


sequently 
onto the Tip & Ring lines. Waveforms 
from a 
DTMF dialer are input at TI (Pin 16) through 
a current 
limiting 
resistor (R7). Negative feedback around the am- 


plifier reduces the overall gain so that return loss spec- 
ifications 
may be met. The voltage 
gain is calculated 
using the following 
equation: 


V+ 
80 RE 
Vi 
(1 + 
0.795R7 + 
0.4RER7) 


(RE' R7 in k'o) 
where 
RE = 
RL//2 
kO (2 kO = 
internal 
dynamic 
impedance) 


Using 22 kO for R7' and 600 0 for RL' the voltage 
gain is a nominal 
4.3 dB. The minimum 
loop current 


at which 
the circuit 
of Figure 
1 will 
operate 
without 
distortion 
is 12 mA. 
The DTMF amplifier 
is functional 
only 
in the tone 
dialing 
mode, 
and the waveform 
at V + is inverted 
from 
that at TI. The TI pin requires 
a de bias current 
(into the pin) of 20-50 !J.A,which 
may be supplied 
by 
the Tone dialer circuit, 
or by using the biasing scheme 
of Figure 14. 


CC (PIN 5) 
The CC pin (Compensation 
Capacitor) 
has two func- 


tions: 1) to provide equalization 
loop stability where the 
normal 
stabilizing 
components 
are ineffective; 
and 2) 


to allow optional 
control 
of the equalization 
functions. 


In most applications, 
the capacitor at LC (Pin 12) pro- 
vides the required 
stability, 
and no further 
compensa- 


tion 
is required. 
In applications 
where 
changes 
are 
forced at Pin 12 and/or 
13 (e.g., see Figure 23). the LC 
capacitor's 
effectiveness 
may be lost. The addition 
of a 
10 !J.Fcapacitor 
to Pin 5 will 
provide 
the required 
ad- 
ditional 
compensation. 


The CC pin may be used to force the loop length com- 


pensation circuits to specific modes. Grounding.CC will 
set the sidetone and equalization 
amplifiers 
at the low 
loop current 
values. Connecting 
CC to VR will 
set the 
amplifiers 
at the high loop current values. 


Variations 
in the curves of Figures 9 and 11 may be 
obtained 
by using external resistors from LR to CC, and 
from CC to V - . 
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AC IMPEDANCE 
One of the basic problems 
with 
early telephones 
is 
that the performance 
varied with different 
line lengths 
(distance from the Central Office to the telephone). 
If a 
particular 
phone were optimized 
for short 
loops and 
then connected to a long loop. both the transmitted 
and 
receive signals would 
be difficult 
to hear. On the other 
hand. phones optimized 
for long loops would then be 
annoyingly 
loud on short loops. The process of equal- 
ization is one whereby the performance 
is forced to vary 
with 
loop 
length 
inversly 
to the expected 
variations. 
Monitoring 
of loop length is accomplished 
by monitor- 


ing the loop current at the telephone. 
In the MC34014. 


loop length equalization 
is provided 
by varying 
the ac 
impedance of the telephone 
circuit. In this manner the 
MC34014 mimics a passive network. with varistors pro- 
viding the equalization. 


Figure 15 depicts the situation 
in the receive mode. 


The receive signal coming from the Central Office is Vs 
and is independent 
of the loop 
length. 
lR 
is the ac 
impedance of the Central Office. nominally 
900 n. lL is 


the characteristic 
impedance 
of the phone line. and is 
a nominal 
600 n. The signal applied to the line (V1) is 
therefore 
a portion 
of Vs. That signal is attenuated 
by 
the distributive 
impedance of the phone line. with a re- 


sulting signal V2 at the telephone. 
The amplitude 
of V2 
depends on the amount of attenuation. 
the impedance 
of the phone line at the telephone and the ac impedance 
of the telephone 
(lac!. 
according 
to: 


V, x lac 
V2 = 


lac + lL 


where 
V, is the ~quivalent 
signal 
source at the re- 


ceive end of the phone line. providing 
the signal 
V2 
through 
the 
impedance 
equal 
to 
the 
characteristic 
impedance 
of the line (lL). 
The value of V, depends 
on how much V1 has been attenuated 
by the length 
of phone line. By increasing 
lac 
on long loops, V2 is 
a greater portion 
of V,. resulting 
in a stronger 
receive 
signal at the telephone. 


Central 
Office 
r----' 


I 


Figure 16 depicts the situation 
in the transmit 
mode. 


In this mode. the MC34014 is an ac current source, with 
a finite output impedance, modulating 
the loop currant. 


The voltage signal V1 is therefore equal to the ac signal 
current acting on lac 
in parallel with the characteristic 


Telephone 
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impedance 
of the phone line (lL). 
The signal is atten- 


uated by the distributive 
impedance of the phone line, 


and so only a portion 
of that signal (V2) appears at the 
Central Office. By increasing 
lac 
on long loops, V1 is 
increased. resulting 
in a higher signal level at V2. 


Telephone 
,...--------, 


I 


Central 
Office 
r----. 
I 


The ac impedance 
of the telephone 
circuit 
is deter- 
mined by the transmit 
amplifier, 
equalization 
amplifier, 
and external 
resistors 
R6' RS, and Rg. In Figure 
17, a 
portion 
of the receive signal at V + appears at Ea. That 
signal is reduced at TXI by the RS-R6 divider (the electret 
microphone 
is a high impedance). 
The signal at TXI is 


then amplified 
by 20, and that signal 
(at TXO) is con- 


verted to an ac current 
by R9. The ac impedance 
of the 
circuit 
is therefore 
V +/ITXO, 
and is defined 
by the fol- 
lowing 
equation: 
l 
_ (1 + RsiR6) (Rg) 
ac 
- 
20 x A x (RS/R6) 


where A = the gain of the equalization 
amplifier 
(0.25 to 0.75) 


Since the gain of the equalization 
amplifier 
varies by 
a factor 
of 3, the ac impedance 
will 
vary 
the 
same 
amount. 
Using the resistor values indicated in Figure 1, 
the ac impedance 
will vary from 
2S0 0 (short loop) to 
840 0 (long loop). 


When calculating 
or measuring 
the ac impedance, ca- 


pacitor C6 (=S.O kO at 1.0 kHz) and the dynamic 
imped- 
ance of the MC34014 
(=10 
kO) must be taken into ac- 


count. If the microphone 
has an impedance 
lower than 
that of a typical 
electret, then its dynamic 
impedance 
must be accounted 
for in the above equation. 


From 
Tip & Ring v+ 


R8 
R6 
R9 


10 k 


l'TXO 
IXI 
TXO 
Mike 


MIC 


If a variation 
in lac of less than 3: 1 is desired, 
the 
circuit 
configuration 
of Figure lS may be used. The ac 


impedance 
is the parallel 
combination 
of Rx and the 


impedance 
presented 
by the remainder 
of the circuit. 


With the values shown 
in Figure lS, the ac impedance 
varies from 400 0 to SOOO. 


10 


~ 


R6 
R8 
500 
27 k 


0.05 
10 k 


TXI 


R9 
1450 
!ITXO 


II 
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TRANSMIT 
DESIGN 
PROCEDURE 
Referring to Figure 17, first select R9 for the desired 
maximum 
output level at Tip & Ring, assuming a signal 
level at TXO of 1.0 V POp.The maximum 
signal level at 
Tip & Ring will be approximately: 


(VTXO) 
(ll) 


R9 


where II is the characteristic 
ac impedance 
of the 
phone 
line. 
Capacitor 
C6 and the 
=10 
kn 
dynamic 
impedance 
of the MC34014 must also be considered 
in the above 
computation, 
since they are in parallel 
with lL. 


The next step is to select the Rs/RS ratio, according 
to the required lac' using the equation 
on the previous 
page. Then RS is selected to set the microphone 
sen- 
sitivity. 
RS is typically 
in the range of 0.5 k to 1.5 kn, 
and is dependent 
on the characteristics 
of the micro- 
phone. 
R6 is then 
calculated 
from 
the 
above 
men- 
tioned 
ratio. 


10 k 
MC34014 


TXI 


0.05 


The overall gain from the microphone 
to V + will vary 
with loop current due to the influence of the equalization 
amplifier 
on TXI. The signal at EO is out of phase with 
that at TXI, therefore the signal at V + decreases as loop 
current (and the EO signal) increases. Variations are typ- 
ically 2.0 to 5.0 dB and depend largely on the impedance 
characteristics 
of the microphone. 


ALTERNATE 
MICROPHONE 
BIASING 
In the event that the microphone 
cannot be properly 
biased from the 1.2 volt VR supply, a higher voltage can 
be obtained 
by biasing from the V + supply. The con- 
figuration 
shown in Figure 19, provides a higher voltage 
to the microphone, 
and also filters the speech signals 
at V + from 
reaching 
it, preventing 
an oscillatory 
loop 
from 
forming. 
The 
maximum 
voltage 
limit 
of the 
microphone 
must be considered when biasing this way. 


If a dynamic 
microphone 
is to be used in place of an 
electret unit, the circuit 
in Figure 20 will 
buffer its low 
impedance 
from 
the MC34014 circuit. 
maintaining 
the 
high impedance 
required 
at the junction 
of RS and R6. 


The circuit 
shown 
provides 
a gain of =2.6 for the mi- 
crophone 
signals, 
and can be adjusted 
by varying 
the 
160 n resistor. 


HANDSETIHANDS-FREE 
TELEPHONE 
Figure 
23 indicates 
a circuit 
using 
the 
MC34014 
speech network, MC3401S speakerphone circuit, and the 
MC34017 tone ringer to provide a complete 
telephone/ 


speakerphone. 
Switch 
HS (containing 
one 
normally 
open 
and one normally 
closed 
contact) 
is the 
hook 
switch actuated by the handset, shown 
in the on-hook 
position. When the handset is off-hook 
(HSl open, HS2 
closed), power 
is applied 
to the MC34014, and conse- 
quently the handset, and the CS pin of the MC3401S is 
held high so as to disable it. Upon closing the two poles 
of switch SS, and placing switch HS in the on-hook po- 
sition, power is then applied to both the MC34014 and 
the MC3401S, and CS is held low, enabling 
the speak- 
erphone function. Anytime the handset is removed from 
switch HS, the circuit reverts to the handset mode. The 
diode circuitry 
sets the MC34014 to the pulse dialing 
mode to mute the handset 
microphone 
and receiver 
when using the speakerphone. 
To compensate 
for the 
different equalization 
response of the MC34014 when in 


FIGURE 20 - 
INTERFACING A DYNAMIC MICROPHONE 


VR 


the pulse dialing 
mode (Figures 9 and 11), the 47 n re- 
sistor normally found at Pin 13 of the MC34014 is instead 
divided into two resistors (33 nand 
15!l). 
This arrange- 
ment provides similar equalization 
response in both the 
handset and in the speakerphone 
modes. Since the lC 
capacitor 
(Pin 12) is ineffective 
in the speakerphone 
mode, a capacitor is added at Pin 5 (CC)to provide com- 
pensation 
for the equalization 
loop when the speaker- 


phone mode is in effect. 


SWITCHABLE 
TONE/PULSE 
TELEPHONE 
Figure 21 indicates a switchable tone/pulse telept:one 
circuit using the MC145412 tone/pulse 
dialer, MC34014 
speech network, 
and the MC34017 tone ringer. The di- 
aler is programmable, 
and can store up to 10 phone 
numbers. As can be seen, the interface to the MC34014 
is straightforward. 


PULSE ONLY TELEPHONE 
Figure 22 indicates a pulse only telephone 
circuit us- 
ing the MC145409 pulse dialer, 
MC34014 speech net- 


work, and the MC34017 tone ringer. The dialer has last 
number 
redial, and provides 
a pacifier tone to the re- 
ceiver during 
dialing. 
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Recommended 
Extern.1 Components 
Piezo 
Sounder 
Models 
KSN 1113-1116 
Motorola. 
Inc. 


Albuquerque, 
N.M. 
505-822-8801 


MicrohoneJReceiver 
Microphone 
model 
EM-95 
Receiver model 
DH-34 
Primo 
Microphone. 
Inc. 


Elk Grove Village. 
III. 


312-595-1022 


Microphone 
Model 
KUC2123 
Hosiden 
Electronics 
Chicago. 
III. 


312-956-7707 


TRANSIENT 
PROTECTION & RFI SUPPRESSION 
Protection 
from 
voltage 
transients 
is necessary 
in 
most telephone 
circuits. 
and may take the form of zener 
diodes. 
RC 
or 
LC 
filters. 
transient 
suppressors 
(Mo-sorb), 
or a combination 
of the above. 


Potential 
radio 
frequency 
interference 
problems 
should 
be addressed 
early 
in the 
electrical 
and 
me- 
chanical 
design of the telephone. 
RFI may enter the cir- 


cuitry 
through 
the Tip & Ring lines. through 
the micro- 
phone 
and/or 
receiver 
leads 
in the 
handset 
cord. 
or 
through 
any of the wiring 
or PC board traces. Ceramic 
decoupling 
capacitors. 
ferrite 
beads. 
and 
other 
RFI 
suppression 
techniques 
may be needed. Good PC board 
design 
techniques. 
such 
as the 
avoidance 
of 
loops. 


should 
be used. Long tracks on high impedance 
nodes 
should 
be avoided. 
II 


II 


® MOTOROLA 


• 
Complete 
Telephone 
Bell Replacement 
Circuit 
with 
Minimum 
External 
Components 


• 
On-Chip 
Diode 
Bridge 
and Transient 
Protection 


• 
Direct Drive for Piezoelectric 
Transducers 


• 
Push Pull Output 
Stage for Greater 
Output 
Power 
Capability 


• 
Base Frequency 
Options 
- 
MC34017-1: 
1.0 kHz 
MC34017-2: 
2.0 kHz 
MC34017-3: 
500 Hz 


• 
Input 
Impedance 
Signature 
Meets 
Bell and EIA Standards 


• 
Rejects Rotary 
Dial Transients 


Tip --1 
1.0 p.F 
6.8 k 


MC34017·1: 
C ~ 
1000 pF 
MC34017·2: 
C = 
500 pF 
MC34017·3: 
C = 2000 pF 


TELEPHONE 
TONE RINGER 


P SUFFIX 
PLASTIC 
PACKAGE 


CASE 626·04 


• 


DSUFRX 
8 
" 
PLASTIC 
PACKAGE 


,,' 
CASE 751A·Ol 
1 


5.0 p.F 


+ 
+ 
25 V 


2.2 p.F 


3.0 V 


Chlrletlrlltlc 
Typicil 
Vllue 
Unltl 


Output Tone Frequencies 
Hz 
MC34017·1 
808/1010 
MC34017·2 
1616/2020 
MC34017·3 
4041505 
Werble Frequency 
12.5 


Output Voltege 
37 
Vp•p 


(VI;» 60 Vrms' 20 Hz) 


Output Outy Cycle 
50 
% 


Ringing Stert Input Voltsge (20 Hz) 
36 
Vrma 


Ringing Stop Input Voltage (20 Hz) 
21 
Vrma 
Maximum ac Input Voltage ('" 68 Hz) 
150 
Vrma 


Impedanca When Ringing 
kO 
VI = 40 Vrms' 15 Hz 
>16 
VI = 130 Vrms' 23 Hz 
12 


Impadance When Not Ringing 
VI = 10 VrmS' 24 Hz 
28 
kO 
VI = 2.5 VrmS' 24 Hz 
>1.0 
MO 


VI = 10 Vrms' 5.0 Hz 
55 
kO 


VI ~ 3.0 Vrms' 200-3200 Hz 
>200 
kO 


Maximum 
Transient 
Input 
Voltage 
1500 
V 


(T'" 
2.0 msl 


Ringer 
Equivalence: 
Class A 
0.5 
- 
Class B 
0.9 
- 


Nlme 
Deacrlption 


AC1, AC2 
The input terminals to the full-wave diode bridge. The ac ringing signal from the telephone line 
energizes 
the ringer 
through 
this 
bridge. 


RS 
The input of the threshold compsrator to which diode bridge current is mirrored and sensed 
through an external resistor (R31.Nominal threshold is 1.2 volts. This pin internally clamps at 1.5 
volts. 


RI 
The positive supply terminal for the oscillator, frequency divider and output buffer circuita. 


R01, R02 
The tone 
ringer 
output 
terminals 
through 
which 
the sound 
element 
is driven. 


RG 
The negative terminal of the diode bridge and the negative supply terminal of the tone 
generating circuitry. 


RC 
The oscillator terminal for the external resistor and capacitor which control the tone ringer 
frequencies (R2, C21. 


Plrlmetlr 
Vllue 
Unit 


Operating AC Input Current (Pins 1, 81 
20 
mA, RMS 


Transient Input Current (Pins 1, 81IT<2.0 ms) 
:!:300 
mA, peak 


Voltage Applied at RC (Pin 6) 
5.0 
V 


Voltage Applied at RS (Pin 5) 
5.0 
V 


Voltage Applied to Outputs (Pina 2, 3) 
-2.0 to VRI 
V 


Power Diaaipation ((a 25'C) 
1.0 
W 


Operating Temperature Range 
- 20 to + 60 
'c 


Storage Temperature Range 
-65to 
+ 150 
'c 


II 


II 


Characteristic 
Test 
Symbol 
Min 
Typ 
Mex 
Unit. 


Ringing Start Voltage 
Vdc 
(VStart = VI @ Ring Start) 


Vj>O 
1a 
VStartl+1 
34 
37.5 
41 
V1<0 
1b 
VStart(-1 
-34 
-37.5 
-41 


Ringing Stop Voltage 
1c 
VStop 
Vdc 
(VSt~ 
= VI @ Ring Stop) 


C34017·1 
14 
16 
22 
MC34017·2 
12 
14 
20 
MC34017·3 
14 
16 
22 


Output Frequencies (VI = 50 VI 
1d 
Hz 
MC34017·1 
High Tone 
fH 
937 
1010 
1083 
Low Tone 
fL 
752 
808 
868 
Warble Tone 
fW 
11.5 
12.5 
14 
MC34017·2 
High Tone 
fH 
1874 
2020 
2166 
Low Tone 
fL 
1504 
1616 
1736 
Warbla Tona 
fW 
11.5 
12.5 
14 
MC34017·3 
High Tone 
fH 
937 
1010 
1083 
Low Tone 
fL 
752 
808 
868 
Warble Tone 
fW 
23 
25 
28 


Output Voltaga (VI = 50 VI 
6 
Vo 
34 
37 
43 
Vp•p 


Output Short·Circuit Current 
2 
IR01- IR02 
35 
60 
80 
mAg.p 


Input Diode Voltage 
3 
VD 
5.6 
6.2 
6.8 
Vdc 
(II - 
6.0 mAl 


Input Voltage - 
SCR Off 
4a 
Voff 
33 
38 
43 
Vdc 
(II - 
30 mAl 


Input Voltage - 
SCR On 
4b 
Van 
3.2 
4.1 
6.0 
Vdc 
(II = 100 mAl 


RS Clamp Voltage 
5 
Vclamp 
1.3 
1.5 
1.8 
Vdc 
(VI = 50 VI 


R1 
C1 
Tip~ 
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--------.., 
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I 


I 
I 
IJ 
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Pieza 
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The MC34017 
Tone 
Ringer 
derives 
its power 
supply 
by rectifying 
the ac ringing 
signal. 
It uses this power 
to 
activate 
a tone 
generator 
and 
drive 
a piezo-ceramic 
transducer. 
The tone generation 
circuitry 
includes 
a re- 
laxation 
oscillator 
and 
frequency 
dividers 
which 
pro- 


duce high and low frequency 
tones 
as well as the tone 
warble 
frequency. 
The relaxation 
oscillator 
frequency 
fo 
is set by resistor 
R2 and capacitor 
C2 connected 
to pin 
RC. The oscillator 
will 
operate 
with 
fo from 
1.0 kHz to 
10 kHz with 
the proper 
choice 
of external 
components 
(See Figure 
1). 


The frequency 
of the tone ringer 
output 
signal at ROl 
and 
R02 
alternates 
between 
fo/4 
to fo/5. 
The warble 
rate at which 
the frequency 
changes 
is fo/320 
for the 
MC34017-1, 
fo/640 
for the 
MC34017-2, 
and fo/160 
for 
the MC34017-3. 
With 
a 4.0 kHz oscillator 
frequency, 
the 
MC34017-1 
produces 
800 Hz and 1000 Hz tones 
with 
a 
12.5 Hz warble 
rate. The MC34017-2 
generates 
1600 Hz 
and 
2000 Hz tones 
with 
a similar 
12.5 Hz warble 
fre- 
quency 
from 
an 
8.0 
kHz oscillator 
frequency. 
The 
MC34017-3 
will 
produce 
400 Hz and 500 Hz tones with 
a 12.5 Hz warble 
rate from 
a 2.0 kHz oscillator 
frequency. 


The tone ringer 
output 
circuit 
can source or sink 20 mA 
with 
an output 
voltage 
swing 
of 37 volts 
peak-to-peak. 


Volume 
control 
is readily 
implemented 
by 
adding 
a 
variable 
resistance 
in series with 
the piezo transducer. 


Input 
signal 
detection 
circuitry 
activates 
the 
tone 
ringer 
output 
when 
the 
ac line 
voltage 
exceeds 
pro- 
grammed 
threshold 
level. 
Resistor 
R3 determines 
the 
ringing 
signal 
amplitude 
at which 
an output 
signal 
at 
ROl 
and R02 will 
be generated. 
The ac ringing 
signal 
is rectified 
by the 
internal 
diode 
bridge. 
The rectified 
input 
signal 
produces 
a voltage 
across R3 which 
is ref- 
erenced to RG. The voltage 
across resistor 
R3 is filtered 
by capacitor· 
C3 at the 
input 
to the 
threshold 
circuit. 


~ 
/' 
V 


/ 
V 


./ 
/' 
150 k '" 
R2 '" 
300 k 


400 pF '" 
C2 '" 
3000 pF +-- 


/ I-' 


When the voltage 
on capacitor 
C3 exceeds 
1.2 volts, the 
threshold 
comparator 
enables 
the tone 
ringer 
output. 


Line transients 
produced 
by pulse 
dialing 
telephones 
do not charge 
capacitor 
C3 sufficiently 
to activate 
the 
tone 
ringer 
output. 


Capacitors 
Cl 
and C4 and resistor 
Rl determine 
the 
10 volt, 
24 Hz signature 
test impedance. 
C4 also pro- 


vides filtering 
for the output 
stage power supply 
to pre- 
vent droop 
in the square wave output 
signal. Six diodes 
in series with 
the rectifying 
bridge 
provide 
the neces- 
sary non-linearity 
for the 2.5 volt, 24 Hz signature 
tests. 


An internal 
shunt voltge 
regulator 
between 
the Rl and 
RG terminals 
provides 
de voltage 
to power output 
stage, 
oscillator, 
and frequency 
dividers. 
The de voltage 
at RI 
is limited 
to approximately 
22 volts 
in regulation. 
To 
protect 
the IC from 
telephone 
line transients, 
an SCR is 
triggered 
when 
the 
regulator 
current 
exceeds 
50 mA. 


The SCR diverts 
current 
from 
the shunt 
regulator 
and 
reduces 
the power 
dissipation 
within 
the IC. 


Rl 
Line input rasistor. Rl slfects the tone 
ringer input impedance. It also influence. 
ringing threshold Yoltage and limit. current 
from line transients. 
(Range: 2.0 kO to 10 kO). 


Cl 
Line input capacitor. C, ac couplas the tone 
ringer to the telephone line and controls ringer 
input impedance at low frequencies. 


I (Range: 0.4 ",F to 2.0 ",Fl. 


R2 
Oscillator rasistor. 
IRange: 150 kO to 300 kO). 


C2 
Oscilletor capacitor. 
IRange: 400 pF to 3000 pFI. 


R3 
Input current 
sense 
resistor. 
R3 controls 
the 
ringing threshold Yoltage. Increasing R3 
decreases 
the ring-start 
voltage. 


(Range: 5.0 kO to 18 kO). 


C3 
Ringing threshold filter capacitor. C3 filters the 
ac yoltage across R3 at the input of the ringing 
threshold 
comparator. 
It also provides 
dialer 
transient 
rejection. 


IRange: 0.5 ",F to 5.0 ",Fl. 


C4 
Ringer supply capacitor. C4 filters supply 
voltage 
for the tone generating 
circuits. 


It also provides 
an ae current 
path for the 
10 Vrms 
ringer 
signature 
impedance. 


(Range: 1.0 ",F to 10 ",Fl. 
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6.8 k* 
8 
VI 
AC1 
AC2 
-= 
R01 
RG 


Va 
390n 
6 
OUT 
RC 


R02 
0.047/'oF 
4 
RI 
R5 


1.0/'oF 
J 


1 
(Norm.lly op.n) 


0.1/'oF 


5.6 k 


IC1-MC140118 
Q1-2N3904 
IC2-MC145388 


Voo = 12 V 


-Indicates 
1% tolerance 
(5% otherwise) 


0.2/'oF 
MC34017·1:C = 1000pF* 
MC34017·2:C = 
500 pF* 


MC34017·3:C = 1000pF* 


•. Incr•••• 
VI from + 33 volt. whil. monitoring 
Va. V5t•n( +) .qu.l. 
VI wh.n Va comm.nc •• 
.witching. 


b. o.cr •••• 
VI from - 33 volt. whil. monitoring 
Va. V5t•n( -) .qu.l. 
VI wh.n Va comm.nc •• 
•witching. 


c. o.cr •••• 
VI from + 40 volt. whil. monitoring 
Va. V5top .qu.l. 
VI wh.n Va c••••• 
•witching. 


d. 5.t VI to + 50 volt•. Clo•• 51. M••• ur. 
fr.qu.nci •• fH_fl_.nd fWo 


MC34017-1: R = 110kfi* 
MC34017-2: R ~ 
55 kn* 
MC34017-3: R = 110kn* 


0.2 p.F 


With VRC = 4.0 volts. close S,. Switch S2to Pin 2 and measure 
current at Pin 2 (10'I. Repeatedlv switch VRCbetween 4.0 volts 
and 0 volts until Pin 2 current changes polarity. Measure the 
opposite polarity current (102).Calculate: 
IRO' = 110'1+ 11021 
Switch S2 to Pin 3 and repeat. 
Calculate: 
IR02 = 110'1+ 11021 


6.8 k" 
AC, 
+ 
IRO' 
~,1 
_2 
RO' 
5.0 Vrll+ 


OUT 


S2 _3 
R02 
IR02 
'OV 
~I'+ 
4 RI 


MC34017·' 
C = '000 pF* 
MC34017·2 C = 
500 pF* 
MC34017·3 C = '000 pF* 


, 
AC, 
AC2 8 


2 RO' 
RG 7 


3900 
OUT 
RC 6 


3 R02 


4 RI 
RS 
':" 
':" 


~ 
S, 
~-=- VRC 
J 


MC34017·': C = '000 pF" 
MC34017·2: C ~ 
500 pF" 
MC34017·3: C = '000 pF" 


II 


II 


V 
8 
AC, 
AC2 


R01 
RG 


6 
OUT 
RC 


3 
R02 


4 
5 
RI 
RS 
-= 


MC34017·1 
C = 1000 pF* 
MC34017·2 
C = 
500 pF* 
MC34017·3 
C = 1000 pF* 


6.8 k* 
8 
AC1 
AC2 


+ 
2 
-= 
-=- 50 V 
R01 
RG 
I 


OUT 
RC 
6 


3 
R02 


4 
RS 
5 
RI 


MC34017-': 
C ~ 
1000 pF* 
MC34017-2: 
C ~ 
500 pF' 
MC34017-3: 
C = 
1000 pF' 


·lndicates 
1% tolerance 
(5% otherwise) 


a. Set 11to 30 mA. Measure voltage at Pin 1 
(Volt)· 
b. Set I, to , 00 mA. Measure voltage at Pin 1 


(Van)' 


(Each test < 30 ms) 


6.8 k* 


AC1 


+ 
-= 
-=- SOV 
R01 
7 
I 


RG 


~ 


20 k 
OUT 


3 R02 
RC 6 
160 k* 
S1 
+ 


C 
-=- VRC 


4 
RS 
J 
RI 
15 k* 


MC34017-1 C = 1000 pF* 
MC34017·2 C = 
500 pF* 
MC34017·3 C = 1000 pF* 


With VRC ~ 4.0 volts, close 51' MtljIsure dc voltage between 
Pins 2 and 3 (Vol), Repeatedly switch VRC between 4,0 volts 
and 0 volts until Pins 2 and 3 change state. Measure the new 
voltage between Pins 2 and 3 (V021. 
Calculate: 
Vo = IV011+ IV021 
II 
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Specifications 
and Applications 
Information 


The MC3401BSpeakerphone integrated circuit incorporates the 
necessary amplifiers, 
attenuators, and control functions to pro- 
duce a high quality hands-free speakerphone system. Included 
are a microphone 
amplifier, 
a power audio amplifier 
for the 


speaker, transmit and receive attenuators, a monitoring 
system 
for background sound level, and an attenuation control system 
which responds to the relative transmit and receive levels as well 
as the background level.·Also included are all necessary regulated 
voltages for both internal and external circuitry. allowing 
line- 
powered operation 
(no additional 
power supplies required). A 
Chip Select pin allows the chip to be powered down when not in 
use. A volume 
control function 
may be implemented 
with an 
external potentiometer. 
MC3401B applications 
include speaker- 
phones for household and business use, intercom systems, au- 
tomotive telephones, and others. 


• All necessary level detection 
and attenuation 
controls for a 
hands-free telephone in a single integrated circuit 


• 
Background noise level monitoring 
with long time constant 


• Wide operating dynamic range through signal compression 


• 
On-chip supply and reference voltage regulation 


• Typical 100mW output power (into 25 Ohms) with peak limiting 
to minimize 
distortion 


• 
Chip Select pin for active/standby operation 


• 
linear Volume Control Function 


• 
Standard 2B-pin plastic DIP package (0.600 inch wide) and 
PLCCpackage 


VOICE SWITCHED 
SPEAKERPHONE CIRCUIT 


'"~ 
~~~ 
~~: 
~T~~~FIX 
1 
PLASTIC 
PACKAGE 


CASE 710-02 
• 
FN SUFFIX 


PlCC-28 


CASE 776-01 


ELECTRET ~r 
~OCK~~~A~ 
I 


MIC 
I 
I 
!RANSMIT 
CHANNEL 
I 
MIC 
------ 
AMP 
I 
I 
I 
I 
I 
I 
I 
I 
I 
I 
I 
I 


SPEAKER ~I 
RE~EIVE CHANNEL 


~ 
: 
SPEAKERPHONE 
IC SYSTEM 
I 
L__ ~~'.!.. 
---l 


----l.- 
LENABLE 


RECEIVE VOLUME 
CONTROL 
INPUT 


TELEPHONE r 


LINE 
\J 


Pill 
Nama 
Dascrlption 


1 
RR 
A resistor to ground 
provides 
a reference 
current 
for the transmit 
and receive 
anenuators. 


2 
RTX 
A resistor 
to ground 
determines 
the nominal 
gain 
of the transmit 
attenuatar. 
The transmit 
channel 
gain 
is inversely 
proportional 
to 
the 
RTX 


resistance. 


3 
TXI 
Input to the transmit 
attenuatar. 
Input resistance 


is nominally 
5.0 k ohms. 


4 
TXO 
Output 
of the transmit 
attenuator. 
The TXO out- 


put signal 
drives 
the input 
of the transmit 
level 
detector, 
as well 
as the 
external 
circuit 
which 
drives the telephone 
line. 


5 
TLI 
Input 
of the transmit 
level detector. 
An external 
resistor 
ae coupled 
to the TlI 
pin sets the detec- 


tion 
level. 
Decreasing 
this resistor 
increases 
the 


sensitivity 
to transmit 
channel 
signals. 


6 
TLO 
Output 
of the transmit 
level detector. The external 
resistor and capacitor set the time the comparator 
will 
hold the system 
in the transmit 
mode 
after 
speech 
ceases. 


7 
RLI 
Input 
of the 
receive 
level 
detector. 
An external 
resistor 
ac coupled 
to the RLI pin sets the detec- 


tion 
level. 
Decreasing 
this resistor 
increases 
the 


sensitivity 
to receive 
channel 
signals. 


8 
RLO 
Output 
of the receive 
level detector. 
The external 
resistor and capacitor 
set the timethe 
comparator 
will hold the system 
in the receive mode after the 
receive 
signal 
ceases. 


9 
MCI 
Microphone 
amplifier 
input. 
Input 
impedance 
is 
nominally 
10 k ohms 
and the de bias voltage 
is 
approximately 
equal to VB. 


10 
MCO 
Microphone 
amplifier 
output. 
The mic amp gain 
is internally 
set at 34 dB 150 VNI. 


11 
CPl 
A parallel 
resistor 
and 
capacitor 
connected 
be· 


tween 
this 
pin 
and 
VCC holds 
a voltage 
corre- 


sponding 
to 
the 
background 
noise 
level. 
The 
transmit 
detector 
compares 
the CPl voltage 
with 
the speech 
signal 
from 
CP2. 


12 
CP2 
A capacitor 
at this 
pin 
peak detects 
the speech 
signals 
for 
comparison 
with 
the 
background 
noise 
level 
held at CPl. 


13 
XDI 
Input to the transmit 
detector 
system. 
The micro· 
phone 
amplifier 
output 
is ac coupled 
to the XDI 
pin through 
an external 
resistor. 


14 
SKG 
High current 
ground 
pin for the speaker amp out· 
put stage. The SKG voltage 
should 
be within 
10 
mV of the ground 
voltage 
at Pin 22. 


15 
SKO 
Speaker amplifier 
output. 
The SKO pin will source 
and sink up to 100 mA when 
ac coupled 
to the 
speaker. 
The speaker 
amp 
gain 
is internally 
set 
at 34 dB (50 VN). 


16 
V+ 
Input de supply 
voltage. 
V + can be powered 
from 
Tip and Ring if an ac decoupling 
inductor 
is used 
to prevent 
loading 
ac line signals. 
The required 
V + voltage 
is 6.0 to 11 V (7.5 V nominal 1 at 7.0 
mA. 


PIn Name 
Descrlptlon 


17 
AGC 
A capacitor 
from 
this 
pin 
to VB stabilizes 
the 
speaker 
amp 
gain control 
loop, and additionally 
controls 
the attack and decay time of this circuit. 
The gain control 
loop 
limits 
the speaker 
amp in- 
put to prevent 
clipping 
at SKO. The internal 
re- 
sistance 
at the AGC pin is nominally 
110 k ohms. 


18 
CS 
Digital 
chip 
select 
input. 
When 
at a Logic 
"0" 
«0.7 
VI the VCC regulator 
is enabled. 
When 
at a 
Logic 
"1" 
1>1.6 VI, the 
chip 
is in the 
standby 
mode drawing 
0.5 mA. An open CS pin is a Logic 


"0". 
Input 
impedance 
is nominally 
140 k ohms. 


The input 
voltage 
should ·not exceed 
11 V. 


19 
SKI 
Input to the speaker 
amplifier. 
Input impedance 
is nominally 
20 k ohms. 


20 
VCC 
A 5.4 V regulated 
output which powers all circuits 
except 
the speaker 
amplifier 
output 
stage. 
VCC 
can be used to power 
external 
circuitry 
such as 
a microprocessor 
(3.0 mA max). A filter capacitor 
is required. 
The MC34018 
can be powered 
by a 
separate 
regulated 
supply by connecting 
V + and 
VCC to a voltage 
between 
4.5 V and 6.5 V while 
maintaining 
CS at a Logic "'''. 


21 
VB 
An output 
voltage 
equal to approximately 
VCC/2 
which 
serves as an analog 
ground 
for the speak· 
erphone 
system. 
Up to 1.5 mA of external 
load 


current 
may be sourcli!d from VB. Output 
imped· 


ance is 250 ohms. A filter capacitor 
is required. 


22 
Gnd 
Ground 
pin 
for 
the 
IC (except 
the 
speaker 
amplifier). 


23 
XDC 
Transmit 
detector 
output. A resistor and capacitor 
at this pin hold the system 
in the transmit 
mode 
during 
pauses between 
words or phrases. When 
the XDC pin voltage 
decays to ground, 
the atten- 
uators switch from the transmit 
mode to the idle 
mode. 
The internal 
resistor 
at XDC is nominally 
2.6 k ohms 
(see Figure 
11. 


24 
VLC 
Volume 
control 
input. Connecting 
this pin to the 
slider of a variable 
resistor provides 
receive mode 
volume 
control. 
The VLC pin voltage 
should 
be 
less than or equal to VB. 


25 
ACF 
Attenuator 
control filter. A capacitor 
connected 
to 
this pin reduces noise transients 
as the attenuator 
control 
switches 
levels of attenuation. 


26 
RXO 
Output 
of the 
receive 
attenuator. 
Nor{"ally 
this 
pin 
is ae coupled 
to 
the 
input 
of the 
speaker 
amplifier. 


27 
RXI 
Input 
of the 
receive 
attenuator. 
Input 
resistance 
is nominally 
5.0 k ohms. 


28 
RRX 
A resistor to ground 
determines 
the nominal 
gain 
of the 
receiv~ 
attenuator. 
The 
receive 
channel 
gain 
is 
directly 
proportional 
to 
the 
RRX 
resistance. 
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ABSOLUTE MAXIMUM 
RATINGS 
(Voltages 
referred 
to Pin 22) (TA = 25'CI 


Parameter 
Value 
Units 


V+ 
Terminal 
Voltage 
(Pin 161 
+ 12. -1.0 
V 


~(Pin 
18) 
+ 12. -1.0 
V 


Speaker 
Amp 
Ground 
(Pin 
141 
+3.0. 
-1.0 
V 


VLC (Pin 241 
VCC. 
- 1.0 
V 


Storage 
Temperature 
-65 
to 
+ 150 
'c 


Parameter 
Value 
Units 


V+ 
Terminal 
Voltage 
(Pin 
161 
+ 6.0 to 
+ 11 
V 


CS (Pin 
18) 
o to 
+ 11 
V 


ICC (Pin 201 
o to 3.0 
mA 


VLC IPin 
241 
0.55VB 
to VB 
V 
-- 


Hecel .•..e SIgnal 
(Pin 27) 
o to 250 
mVrms 


Microphone 
Signal 
(Pin 9) 
o to 5.0 
mVrms 


Speaker 
Amp 
Ground 
(Pin 
14) 
-10to+l0 
mVdc 


Ambient 
Temperature 
- 20 to 
+ 60 
'c 


ELECTRICAL CHARACTERISTICS 
IRefer 
to Figure 
1I 


Parameter 
I 
Symbol 


V + 
Supply 
Current 
IV+ 
16 
V+ 
= 
11 V. Pin 18 = 0.7V 
- 
- 
9.0 
mA~ 


V+ 
= 
llV.Pin18=1.6V 
- 
- 
800 
!J.A 


VCC Voltage 
(V + 
= 7.5 VI 
VCC 
20 
4.9 
5.4 
5.9 
Vdc 


Line 
Regulation 
(6.5 V < V + < 11 VI 
.lVCC 
LN 
- 
65 
150 
mV 
Output 
Resistance 
(lCC = 
3.0 mAl 
ROVCC 
- 
6.0 
20 
ohms 
Dropout 
Voltage 
(V + 
= 5.0 VI 
VCC SAT 
- 
80 
300 
mV 


VB Voltage 
IV + 
= 7.5 VI 
VB 
21 
2.5 
2.9 
3.3 
Vdc 
Output 
Resistance 
(lB = 
1.7 mAl 
ROVB 
- 
250 
- 
ohms 


Receive 
Attenuatar 
Gain 
1«< 1.0 kHzl 
26. 


Rx Mode. 
Pin 24 
= VB; 
Pin 27 = 250 mVrms 
GRX 
27 
2.0 
6.0 
10 
dB 
Range 
(Rx to Tx Modes) 
~GRX 
40 
44 
48 
dB 
Idle Mode. 
Pin 27 = 250 mV rms 
GRXI 
-20 
-16 
-12 
dB 


RXO Voltage 
(Rx Mode) 
VRXO 
1.8 
2.3 
3.2 
Vdc 


Delta 
RXO Voltage 
(Switch 
from 
RX to TX Mode) 
~VRXO 
- 
- 
100 
mV 


RXO Sink 
Current 
IRx Mode) 
IRXOL 
75 
- 
- 
!J.A 


RXO Source 
Current 
(Rx Model 
IRXOH 
1.0 
- 
3.0 
mA 


AXI Input Resistance 
RRXI 
3.5 
5.0 
8.0 
kO 


Volume 
Control 
Range (Rx Attenuatar 
Gain, 
Rx Mode. 
VCR 
24.5 
- 
32.5 
dB 
0.6 VB < Pin 24 < VB) 


Transmit 
Attenuator 
Gain 
«<i 
1.0 kHz) 
3, 


. Tx Mode, 
Pin 3 ~ 
250 mVrms 
GTX 
4 
4.0 
6.0 
8.0 
dB 


Range. 
(Tx to Rx Mode) 
~GTX 
40 
44 
48 
dB 


Idle Mode. 
Pin 3 = 250 mVrms 
GTXI 
-16.5 
-13 
-8.5 
dB 


TXO Voltage 
(Tx Model 
VTXO 
1.8 
2.3 
3.2 
Vdc 


Delta 
TXO Voltage 
(Switch 
from 
Tx to Rx Model 
6VTXO 
- 
- 
100 
mV 


TXO 
Sink Current 
(Tx Mode) 
ITXOL 
75 
- 
- 
p.A 


TXO 
Source 
Current 
(Tx Mode) 
ITXOH 
1.0 
- 
3.0 
mA 


TXI Input 
Resistance 
RTXI 
3.5 
5.0 
8.0 
ill 


ACF Voltage 
(VCC 
- 
Pin 25 Voltage) 
~VACF 
20. 


Rx Mode 
25 
- 
150 
- 
mV 


Rx Mode 
- 
6.0 
- 
mV 


Idle Mode 
- 
75 
- 
mV 


Speaker 
Amp 
Gain 
(pin 
19 = 20 mVrmsl 
GSPK 
15. 
33 
34 
35 
dB 
19 


SKI Input 
Resistance 
RSKI 
15 
22 
37 
kO 


SKO Voltage 
(Pin 
19 ~ Cap Couple 
to GNDI 
VSKO 
2.4 
3.0 
3.6 
Vdc 


SKO High 
Voltage 
(Pin 
19 = 0.1 V, -100 
mA 
load 
VSKOH 
5.5 
- 
- 
Vdc 
at Pin 151 


SKO Low 
Voltage 
(Pin 
19 ~ 
- 0.1 V. + 100 mA 
load 
VSKOL 
- 
- 
600 
mV 
at Pin 15) 


MICROPHONE 
AMPLIFIER 


Mike 
Amp 
Gain 
(Pin 9 = 10 mVrms• 
1.0 kHz) 


Mike 
Amp 
Input 
Resistance 


LOGAMPS 


RLO Leakage 
Current 
(pin 
8 = VB + 1.0 VI 
'LKRLO 
8 
- 
- 
2.0 
p.A 


TLO Leakage 
Current 
(Pin 6 = VB + 1.0 V) 
ILKTLO 
6 
- 
- 
2.0 
p.A 


Transmit·Receive 
Switching 
Threshold 
5,7 
0.8 
- 
1.2 
(Ratio 
of ITLI to IRLI - 
at 20 p.A - 
to switch 
Tx-Rx 
ITH 
25 
Comparator) 


XDC Voltage 
- 
Idle Mode 
VXDC 
23 
- 
0 
- 
Vdc 
Tx Mode 
- 
4.0 
- 
Vdc 


CP2 Current 
Source 
ICP2 
12 
5.0 
10 
13 
p.A 


Rx Mode 
- 
RXI to SKO 
RXD 
27. 
- 
1.5 
- 
% 
(Pin 27 = 10 mVrms• 
1.0 kHzl 
15 


Tx Mode 
- 
MCI to TXO 
TXD 
4.9 
- 
2.0 
- 
% 


(Pin 9 ~ 
5.0 mVrms• 
1.0 kHz) 


NOTES: 
1. 
V+ 
- 
7.5 V, CS :: 0.7 
V except 
where 
noted. 


2. 
Rx Mode: 
Pin 7 "" - 100 ,.A. Pin 5 = + 100 IJ,A, except 
where 
noted. 


Tx Mode: 
Pin 5. 13 = - 100 ,.A. Pin 7 "" + 100 pA, 
Pin 11 :: 0 volts. 


Idle 
Mode: 
Pin 5 "" - 
100 pA. Pin 7. 13 
"" + 100 IJ,A. 


3. 
Current 
into 
a pin designated 
as 
+; 
current 
out 
of a pin designated 
8S -. 


4. 
Voltages 
referred 
to Pin 22. TA 
"" + 25°C. 
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Typical 
Parameter 
Pin 
Change 
Units 


V+ Supply Current IV+ : 
11V. Pin 18: 
0.7 V) 
16 
-0.2 
%/"C 
V+ Supply Current IV+ ~ "V. 
Pin 18 ~ 1.6VI 
16 
-0.4 
%!"C 
VCCVoltage (V+ ~ 7.5 VI 
20 
+0.1 
%fC 
Attenuator 
Gain (Max 
and Min Settings) 
= 0.003 
dBPC 
Delta RXO.TXO Voltages 
4.26 
=0.24 
%/"C 
SpeakerAmp Gain 
15,19 
= 0.003 
dBfC 
Microphone 
Amp 
Gain 
9.10 
=0.001 
dB/'C 
Microphone 
Amp 
Input 
Resistance 
9 
+0.4 
%!"C 
Tx-Rx Switching Threshold (u. 20 pAl 
5.7 
=0.2 
nWC 


ATTENUATORS 
The transmit 
and 
receive 
attenuators 
are comple- 
mentary in function, 
i.e., when one is at maximum 
gain 
the other 
is at maximum 
attenuation, 
and vice versa. 


They are never both on or both off. Their main purpose 
is to control the transmit 
and receive paths to provide 
the half-duplex 
operation 
required 
of a speakerphone. 


The attenuators 
are controlled 
solely by the voltage at 
the ACF pin (Pin 25). The ACF voltage 
is provided 
by 
the Attenuator 
Control block, which 
receives 3 inputs: 
a) the Rx-Tx Comparator, 
b) the Transmit Detector Com- 
parator, and c) the Volume Control. The response of the 
attenuators is based on the difference ofthe ACF voltage 
from VCC. and therefore 
a simple method for monitor- 
ing the circuit operation 
is to monitor 
this voltage dif- 
ference (referred to as 6.Vacfl. If 6.Vacf is approximately 
6 millivolts 
the transmit 
attenuator 
is fully on and the 
receive attenuator 
is fully off (transmit 
mode). If 6.Vacf 
is approximately 
150 millivolts 
the circuit 
is in the re- 
ceive mode. If 6.Vacf is approximately 
75 millivolts, 
the 
circuit is in the idle mode, and the two attenuators 
are 
at gain settings approximately 
half way (in dB) between 
their fully on and fully off positions. 


The maximum 
gain and attenuation 
values are de- 
termined 
by the three resistors RR, RTX, and RRX (Refer 
to Figures 2, 3 and 4). RR affects both attenuators 
ac- 
cording 
to its value RELATIVE to RTX and RRX, which 
is why Figure 4 indicates the variations 
versus the ratio 
of the other resistors to RR. (GRX and GTX are the max- 
imum gains, and ARX and ATX are the maximum 
at- 
tenuations), 
RTX affects the gain and attenuation 
of only 
the transmit attenuator according to the curves of Figure 
2, while RRX affects only the receive attenuator 
accord- 
ing to Figure 3. As can be seen from 
the figures, 
the 
gain difference 
(from on to off) is a reasonably constant 
45 dB until the upper gain limit is approached. A value 
of 30 k is recommended 
for RR as a starting 
point, and 
then RTX and RRX selected to suit the particular design 
goals. 


The input impedance 
of the attenuators 
(at TXI and 
RX\) is typically 
5.0 kil, and the maximum 
input signal 
which 
will 
not cause output 
distortion 
is 250 mVrms 
(707 mVp-p). 
The 4300 ohm resistor 
and 0.01 ILF ca- 
pacitor at RXO (in Figure 1) filters 
out high frequency 
components 
in the receive path. This helps minimize 
high frequency 
acoustic feedback problems which may 


occur if the filter were not present. The filter's 
i'nsertion 
loss is 1.5 dB at 1.0 kHz. The outputs of the attenuators 
are inverted from their inputs. 
Referring 
to the attenuator 
control 
block. the .l Vacf 
voltage at its output is determined 
by three inputs. The 
relationship 
of the inputs and output is summarized 
in 
the following 
truth table: 


Transmit 
Tx-Rx 
Oet 
Volume 
Comp 
Comp 
Control 
,Wacf 
Mode 


Transmit 
Transmit 
No 
Effect 
6.0 mV 
Transmit 


Transmit 
Idle 
No Effect 
75 mV 
Idle 


Receive 
Transmit 
Affects .Wacf 
SO-150mV 
Receive 


Receive 
Idle 
Affects .Wacf 
SO-1S0mV 
Receive 


As can be seen from the truth table, the Tx-Rx com- 
parator dominates. 
The Transmit 
Detector Comparator 
is effective only in the transmit 
mode, and the Volume 
Control is effective only in the receive mode. 
The Tx-Rx comparator 
is in the transmit 
position 
when there is sufficient transmit signal present over and 
above any receive signal. The Transmit 
Detector Com- 
parator then determines 
whether the transmit 
signal is 
a result of background 
noise (a relatively stable signal!. 


or speech which consists of bursts. If the signal is due 
to background 
noise, the attenuators 
will 
be put into 
the idle mode (6.Vacf = 75 mVI. If the signal consists 
of speech, the attenuators 
will be switched to the trans- 
mit mode (6.Vacf = 6.0 mV.1 A further 
explanation 
of 
this function will be found in the section on the Transmit 
Detector Circuit. 


The Tx-Rx comparator 
is in the receive position when 
there is sufficient 
receive signal to overcome the back- 
ground 
noise AND any speech signals. The .lVacf volt- 
age will now be 150 mV IF the volume control is at the 
maximum 
position, 
i.e. VLC (Pin 241 = VB. IF VLC is 
less than VB, the gain of the receive attenuator, and the 
attenuation 
of the transmit 
attenuator, 
will 
vary in a 
complementary 
manner as shown in Figure 5. It can be 
seen that 
at the 
minimum 
recommended 
operating 
level (VLC = 0.55 VB) the gain of the transmit attenuator 
is actually 
greater than that of the receive attenuator. 


The effect of varying 
VLC is to vary 6.Vacf, with a re- 
sulting variation 
in the gains of the attenuators. 
Figure 
6 shows the gain variations 
with :'Vacf. 


The capacitor at ACF (Pin 25) smooths the transition 
between 
operating 
modes. 
This 
keeps down 
any 
"clicks" 
in the speaker or transmit signal when the ACF 
voltage switches. 
The gain separation 
of the two attenuators 
can be 
reduced from 
the typical 
45 dB by adding 
a resistor 
between 
Pins 20 (VCC) and 25 (ACFI. The effect is a 
reduction of the maximum 
~Vacf voltage in the receive 
mode, while not affecting ~Vacf in the transmit 
mode. 
As an example, adding a 12 kfl resistor will reduce ~Vacf 
by approximately 
15 mV (to 135 mVl. decrease the gain 
of the receive attenuator 
by approximately 
5.0 dB, and 
increase the gain of the transmit attenuator by a similar 
amount. 
If the circuit 
requires the receive attenuator 
gain to be + 6.0 dB in the receive mode, RRX must be 
adjusted 
(to = 27 k) to re-establish 
this value. This 
change will also increase the receive attenuator gain in 
the transmit 
mode by a similar amount. The resistor at 
TLI may also require changing to reset the sensitivity 
of the transmit 
level detector. 


LOG AMPLIFIERS 
(Transmit 
and Raceive Level Detectors) 
The log amps monitor 
the levels of the transmit 
and 
receive signals, so as to tell the Tx-Rx comparator which 
mode should be in effect. The input signals are applied 
to the amplifiers 
(at TLI and RLI) through 
AC coupling 
capacitors and current 
limiting 
resistors. The value of 
these components 
determines the sensitivity 
of the re- 
spective amplifiers, 
and has an effect on the switching 
times between transmit 
and receive modes. The feed- 
back elements forthe amplifiers are back-to-back diodes 
which provide a logarithmic 
gain curve, thus allowing 
operation 
over a wide range of signal levels. The out- 


puts of the amplifiers 
are rectified, having a quick rise 
time and a slow decay time. The rise time is determined 
primarily 
by the external capacitor (at TLO or RLOI and 
an internal 500 ohm resistor, and is on the order of a 
fraction of a millisecond. 
The decay time is determined 
by the external 
resistor and capacitor, 
and is on the 
order of a fraction 
of a second. The switching 
time is 
not fixed, 
but depends on the relative values of the 
transmit 
and receive signals, as well as these external 
components. 
Figure 7 indicates the dc transfer 
char- 
acteristics of the log amps, and Figure 8 indicates the 
transfer characteristics 
with respect to an ac input sig- 
nal. The dc level at TLI, RLI, TLO, and RLO is approxi- 
mately VB. 
The Tx-Rx comparator 
responds to the voltages 
at 
TLO and RLO,which in turn are functions of the currents 
sourced out of TLI and RLI, respectively. 
If an offset at 
the comparator 
input is desired, e.g., to prevent noise 
from 
switching 
the system, 
or to give preference 
to 
either the transmit 
or receive channel, 
this 
may be 
achieved by biasing the appropriate 
input (TLI or RLI). 
A resistor to ground will cause a DC current to flow out 
of that input, thus forcing 
the output 
of that amplifier 
to be biased slightly higher than normal. This amplifier 
then becomes the preferred one in the system opera- 
tion. Resistor values from 500 k to 10M ohms are rec- 
ommended 
for this purpose. 


SPEAKER AMPLIFIER 
The speaker amplifier 
has a fixed gain of 34 dB (50 
VN), and is noninverting. 
The input impedance is nom- 
inally 22 kll as long as the output signal is below that 
required to activate the Peak Limiter. Figure 9 indicates 
the typical output swing available at SKO (Pin 15). Since 
the output current capability is 100 mA, the lower curve 
is limited 
to a 5.0 volt swing. The output 
impedance 
depends on the output signal level and is relatively low 
as long as the signal level is not near the maximum 
limits. At 3 volts p-p the output impedance is <0.5 ohms, 
and at 4.5 volts p-p it is <3 ohms. The output is short 
circuit protected at approximately 
300 mA. 
When the amplifier 
is overdriven, 
the peak limiter 
causes a portion 
of the input signal to be shunted to 
ground, 
in order to maintain 
a constant 
output 
level. 


The effect is that of a gain reduction 
caused by a re- 
duction of the input impedance (at SKI) to a value not 
less than 2.0 kfl. 
The capacitor 
at Pin 17 (AGC) determines 
the re- 
sponse time of the peak limiter 
circuit. When a large 
input signal is applied to SKI, the voltage at AGC (Pin 
17) will drop quickly as a current source is applied to 
the external 
capacitor. When the large input signal is 
reduced, the current source is turned off, and an internal 
110 kfl resistor discharges the capacitor so the voltage 
at AGC can return to its normal value (1.9 Vdc). The 
capacitor additionally 
stabilizes the peak limiting 
feed- 


back loop. 
If there is a need to mute the speaker amplifier without 
disabling 
the rest of the circuit, 
this may be accom- 
plished by connecting 
a resistor from the AGC pin to 
ground. A 100 kfl resistor will reduce the gain by 34 dB 
(0 dB from SKI to SKOI. and a 10 k resistor will reduce 
the gain by almost 50 dB. 


TRANSMIT 
DETECTOR CIRCUIT 
The transmit detector circuit, also known as the back- 
ground noise monitor, distinguishes speech (which con- 
sists of bursts) from the background noise (a relatively 
constant signal). It does this by storing a voltage level, 
representative 
of the average background noise, in the 
capacitor at CPl (Pin 11). The resistor and capacitor at 
this pin have a time constant of approximately 
5 sec- 
onds (in Figure 1). The voltage at Pin 11 is applied to 
the inverting 
input of the Transmit 
Detector Compara- 
tor. In the absence of speech signals, the noninverting 
input receives the same voltage level minus an offset 
of 36 mV. In this condition, the output of the comparator 
will 
be low, the output 
transistor 
turned 
off, and the 
voltage at XDC (Pin 23) will be at ground. If the Tx-Rx 
comparator 
is in the transmit 
position, the attenuators 
will be in the idle mode (IlVacf=75 
mV). When speech 
is presented 
to the microphone, 
the signal burst ap- 
pearing at XDI reaches the noninverting 
input of the 
transmit 
detector comparator 
before the voltage at the 
inverting input can change, causing the output to switch 
high, driving the voltage at XDC up to approximately 
4 
volts. This high level causes the attenuator control block 
to switch 
the attenuators 
from 
the idle mode to the 
transmit 
mode (assuming the Tx-Rx comparator 
is in 


II 
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the transmit 
mode). As long as the speech continues to 
arrive, 
and is maintained 
at a level above the back- 
ground, the voltage at XDC will be maintained at a high 
level, and the circuit will remain in the transmit 
mode. 


The time constant 
of the components 
at XDC will de- 


termine how much time the circuit requires to return to 
the idle mode after the cessation of microphone speech 
signals, such as occurs during 
the normal 
pauses in 
speech. 


The series resistor and capacitor at XDI (Pin 13) de- 


termine 
the sensitivity 
of the transmit 
detector circuit. 


Figure 10 indicates the change in DC voltage levels at 
CP2 and CP1 in response to a steady state sine wave 
applied at the input of the 0.068 p.Fcapacitor and 4700 
ohm resistor 
(the voltage 
change at CP1 is 2.7 times 
greater than the change at CP2). Increasing the resistor, 
or loweri.ng the capacitor, will 
reduce the response at 
these pins. The first amplifier 
(between XDI and CP2) is 
logarithmic 
in order that this circuit be able to handle 
a wide range of signal levels (or in other words, it re- 
sponds equally well to people who talk quietly and to 
people who shout), Figure 7 indicates the de transfer 
characteristics 
of the log amp. 
Figure 11 indicates the response at Pins 11, 12, and 
23 to a varying 
signal at the microphone. 
The series of 
events in Figure 11 is as follows: 
1) CP2 (Pin 12) follows 
the peaks of the speech 
signals, and decays at a rate determined 
by the 10 
p.A current source and the capacitor at this pin. 
2) CP1 (Pin 11) increases at a rate determined 
by 
the RC at this pin after CP2 has made a positive tran- 
sition. It will follow the decay pattern of CP2. 


3) The noninverting 
input of the Transmit Detector 
Comparator 
follows 
CP2, gained up by 2.7, and reo 
duced by an offset of 36 mY. This voltage, compared 
to CP1, determines 
the output of the comparator. 


4) XDC (Pin 23) will 
rise quickly to 4 Vdc in re- 
sponse to a positive transition 
at CP2, but will decay 
at a rate determined 
by the RCat this pin. When XDC 
is above 3.25 Vdc, the circuit will be in the transmit 
mode. As it decays towards ground, the attenuators 
are taken to the idle mode. 


MICROPHONE 
AMPLIFIER 
The microphone 
amplifier 
is noninverting, 
has an in- 
ternal gain of 34 dB (50 VN), and a nominal input imped- 
ance of 10 kO. The output 
impedance 
is typically 
< 15 
ohms. The maximum 
POpvoltage swing available at the 
output is approximately 
2.0 volts less than VCC, which 
is substantially 
more than what is required in most ap- 
plications. The input at MCI (Pin 9) should be ac coupled 
to the microphone 
so as to not upset the bias voltage. 
Generally, microphone 
sensitivity 
may be adjusted by 
varying the 2 k microphone 
bias resistor, rather than by 
attempting 
to vary the gain of the amplifier. 


POWER 
SUPPLY 
The voltage 
supply for the MC34018 at V + (Pin 16) 
should be in the range of 6.0 to 11 volts, although the 
circuit will operate down to 4.0 volts. The voltage can 
be supplied either from Tip and Ring, or from a separate 


supply. The required 
supply current, with no signal to 
the speaker, is shown 
in Figure 12. The upper curve 


indicates the normal operating 
current when Chip Se- 


lect (Pin 18) is at a Logic "0". 
Figure 13 indicates the 
average de current 
required 
when 
supplying 
various 
power levels to a 25 ohm speaker. Figure 13 also indi- 
cates the minimum 
supply voltage required to provide 
the indicated power levels. The peak in the power sup- 
ply current 
at 5.0-5.4 
volts occurs as the VCC circuit 
comes into regulation. 


It is imperative that the V+ supply (Pin 16) be a good 
ac ground 
for stability 
reasons. If this pin is not well 
filtered (by a 1000 p.Fcapacitor AT THE IC), any variation 
at V + caused by the required speaker current flowing 
through 
this pin can cause a low frequency oscillation. 


The result is usually that the circuit will cut the speaker 
signal on and off at the rate of a few hertz. Experiments 
have shown that only a few inches of wire between the 
supply 
and the IC can cause the problem 
if the filter 
capacitor is not physically adjacent to the IC. It is equally 
imperative 
that both ground pins (Pins 14 and 22) have 
a low loss connection 
to the power supply ground. 


VCC 
VCC (Pin 20) is a regulated output voltage of 5.4 volts, 
+/- 
0.5 V. Regulation will be maintained as long as V + 


is (typically) 
BOmV greater than the regulated value of 
VCC. Up to 3 milliamps 
can be sourced from this supply 


for external use. The output impedance is <20 ohms. 


The 47 p.F capacitor 
indicated 
for connection 
to Pin 
20 is essential for stability 
reasons. 'It must be located 
adjacent to the IC. 


If the circuit is deselected (see section on Chip Select), 


the VCC voltage will go to a volts. 


If the MC3401B is to be powered 
from 
a regulated 
supply (not the Tip and Ring lines) of less than 6.5 volts, 
the corifiguration 
of Figure 14 may be used so as to 
ensure that VCC is regulated. The regulated voltage is 
applied to both V + and VCC, with CS held at a Logic 
"1" 
so as to turn off the internal 
regulator 
(the Chip 
Select function 
is not available when the circuit is used 
in this manner). Figure 15 indicates the supply current 
used by this configuration, 
with no signal at the speaker. 


When a signal is sent to the speaker, the curves of Figure 
13 apply. 


VB 
VB is a regulated output voltage with a nominal value 
of 2.9 volts, 
+/-0.4 
volts. It is derived from VCC and 
tracks it, holding a value of approximately 
54% of VCC. 


1.5 milliamps 
can be sourced from this supply at a typ- 
ical output impedance of 250 ohms. 


The 47 p.F capacitor 
indicated 
for connection 
to the 
VB pin is required 
for stability 
reasons, and must be 


adjacent to the IC. 


If the circuit is deselected (see section on Chip Select), 


the VB voltage will go to a volts. 


CHIP SELECT 
The Chip Select pin (Pin 18) allows the chip to be 
powered down anytime 
its functions 
are not required. 


A Logic "1" level in the range of 1.6 V to 11 V deselects 
the chip, and the resulting 
supply 
current 
(at V +) 
is 


shown in Figure 12. The input resistance at Pin 18 is 
>75 kl1. The VCC and VB regulated voltages go to 0.0 
when the chip is deselected. 
Leaving Pin 18 open is 
equivalent to a Logic "0" 
(chip enabled). 
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SWITCHING TIME 
The switching 
times of the speakerphone 
circuit de- 
pend not only on the various external components, 
but 
also on the operating 
condition 
of the circuit at the time 
a change is to take effect. For example, 
the switching 
time from idle to transmit 
is generally 
quicker than the 
switching 
time from receive to transmit 
(or transmit 
to 
receive). 
The components 
which 
most significantly 
affect the 
timing 
between 
the transmit 
and receive modes 
are 
those at Pins 5 (transmit 
turn-on). 
6 (transmit 
turn-offl, 
7 (receive turn-on), 
and 8 (receive turn-off). 
These four 
timing 
functions 
are not independent, 
but interact since 
the Tx-Rx comparator 
operates 
on a RELATIVE Tx-Rx 


comparison, 
rather than on absolute values. The com- 


ponents at Pins 11, 12, 13, and 23 affect the timing from 
the transmit 
to the 
idle mode. 
Timing 
from 
the idle 
mode to transmit 
mode is relatively 
quick (due to the 
quick 
charging 
of the various 
capacitors). 
and is not 
greatly affected by the component 
values. Pins 5-8 do 
not affect the idle-to-transmit 
timing 
since the Tx-Rx 
comparator 
must already 
be in the transmit 
mode for 


this to occur. 
The following 
table provides a summary 
of the effect 
on the switching 
time of the various 
components, 
in- 


cluding 
the volume 
control: 
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1) The RCs at Pins 5 and 7 have a dual function 
in 
that they affect the sensitivity 
of the respective 
log 
amplifiers, 
or in other words, 
how loud the speech 
must be in order to gain control of the speakerphone 
circuit. 


2) The RC at Pin 13 also has a dual function 
in that 
it determines 
the sensitivity 
of the transmit 
detector 
circuit. 


3) The volume 
control 
affects the switching 
speed, 


and the relative 
response to transmit 
signals, in the 
following 
manner: 
When the circuit is in the receive 
mode, reducing the volume control setting increases 
the signal at TXO, and consequently 
the signal to the 
TLI pin. Therefore a given signal at TXI will switch the 
circuit into the transmit 
mode quicker at low volume 
settings. 


The photographs 
of Figures 16 and 17 indicqte 
ex- 


perimentally 
obtained switching 
response times for the 


circuit of Figure 1. In Figure 16, the circuit is provided 
a continuous 
receive signal of 1.1 mVp-p at RXI (trace 
#3). A repetitive 
burst signal of 7.2 mVp-p, lasting 120 


Components 
Tx to Rx 
Rx to Tx 
Tx to Idle 


RC0' Pin 5 
Moderate 
Significant 
No effect 
RC@ Pin 6 
Significant 
Moderate 
No effect 


RC(Ji Pin 7 
Significant 
Moderate 
No effect 
RC@ Pin 8 
Moderate 
Significant 
No effect 
RC@ Pin" 
No effect 
Slight 
Moderate 
C@'Pin 12 
No effect 
Slight 
Significant 
RC@'Pin 13 
No effect 
Slight 
Slight 


RC(Ji Pin 23 
No effect 
Slight 
Significant 


V@Pin 24 
No effect 
Moderate 
No effect 
C@' Pin 25 
Moderate 
Moderate 
Slight 


milliseconds, 
and repeated every 1 second, is applied 
to MCI (Trace #1). Trace #2 is the output at TXO, and 
is approximately 
650 mVp-p at its maximum. 
Trace #4 
is the output 
at RXO, and is approximately 
2.2 mVp-p 
at its maximum. 
The time to switch from the receive 
mode to the transmit 
mode is approximately 
40 ms, as 
indicated by the time required for TXO to turn on, and 
for RXO to turn off. After the signal at MCI is shut off, 
the switching 
time back to the receive mode is approx- 
imately 210 ms. 
In Figure 17, a continuous 
signal of 7.6 mVp-p is ap- 
plied to MCI (Trace #1). and a repetitive burst signal of 
100 mVp-p is applied to RXI (Trace #3), lasting approx- 
imately 120 ms, and repeated every 1 second. Trace #2 


The MC34018 Speakerphone IC is designed to provide 


the functions 
additionally 
required 
when 
a speaker- 


phone is added to a standard telephone. The IC provides 
the necessary relative level detection and comparison 
of the speech signals 
provided 
by the talkers at the 


speakerphone (near end speaker) and at the distant tele- 
phone (far end speaker). 


The MC34018 is designed for use with an electret type 
microphone, 
a 25 ohm 
speaker, and has an output 
power capability of (typically) 100 mW. All external com- 
ponents surrounding 
this device are passive, however, 
this IC does require additional 
circuitry 
to interface to 


the Tip and Ring telephone lines. Two suggested circuits 
are shown in this data sheet. 


Figure 18 depicts a circuit using the MC34014 Speech 
Network 
(to provide the line interface), as well as the 


circuitry necessary to switch between the handset mode 
and the speakerphone mode. Switch HS (containing one 
normally 
open and one normally 
closed contact) is the 


hook switch actuated by the handset, shown in the on- 
hook position. When the handset is off-hook (HSl open, 
HS2 closed), power is applied to the MC34014 speech 
network, and consequently 
the handset, and the CS pin 


of the MC34018 is held high so as to disable it. Upon 
closing ihe two poles of switch SS, AND placing switch 


is the output at TXO and is approximately 
90 mVp-p at 
its maximum, 
and Trace #4 indicates the output at RXO, 
and is approximately 
150 mVp-p at its maximum. In this 
sequence, the circuit switches between the idle and re- 
ceive modes. The time required to switch from idle to 
receive is approximately 
70 ms, as indicated by the first 
part of Traces 2 and 4. After the receive signal is shut 
off, the time to switch back to the idle mode is approx- 
imately 
100 ms. 


All of the above mentioned 
times will change signif- 
icantly by varying the amplitude 
of the input signals, as 
well as by varying 
the external components. 


HS in the on-hook 
position, 
power is then applied to 
both the MC34014 and the MC34018, and CS is held 
low, enabling the speakerphone function. 
Anytime 
the 
handset is removed from switch HS, the circuit reverts 
to the handset mode. The diode circuitry 
sets the op- 
erational 
mode of the MC34014 so as to optimize 
the 
speakerphone 
operation 
(see the MC34014 data sheet 
for further 
details). The tone dialer interface is meant 
for connection 
to a DTMF dialer with 
an active 
low 
MUTE signal. The VDD supply from the MC34014 is a 
nominal 3.3 volts. The MC34017 and piezo sounder pro- 
vide the ringing function. 
Figure 19 depicts a configuration 
which does not in- 


clude a handset, dialer, or ringer. The only controls are 
Sl (to make the connection to the line). S2 (a "privacy" 
switch), and the volume control. It is meant to be used 
in parallel with a normal telephone which has the dialing 
and ringing functions. 
Figure 20 depicts 
a means of providing 
logic level 
signals 
that 
indicate 
which 
mode 
of 
operation 
the 
MC34018 is in. Comparator A indicates whether the cir- 
cuit is in the receive or transmit/idle 
mode, and com- 


parator 
B indicates 
(when in the transmit/idle 
mode) 


whether the circuit is in the transmit 
or idle mode. The 


LM393 dual comparator 
was chosen because of its low 
current 
requirement 
«1.0 
mAl, 
low voltage 
require- 


ment (as low as 2.0 volts), and low cost. 


II 


I 


~Tip 
Hook 


Switch 


47k 
6.8 k 
0.1 
470 


1M 
10 k 
2.2k 
470 k 
22k 
0.001 


0.01 
VCC 


3.3 k 
4.7k 
II 


4.7k 


100 k 
0.068 
(1.1 
0.068 


TXQ 
TLI 
V+ 
CS 
RLI 
RXI 


1. 
Diodes 
are 
1N4001 
unless 
otherwise 
noted. 


2. 
4 Transistors 
are 2N3904. 


3. 
Recommended 
Transformer: 
Microtran 
T2106. 


RLO 
TLO 
8 
6 


iTxllOLE 


~Rx 


•• 
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TELEPHONE 
SPEECH 
NETWORK 
WITH 
DIALER 
INTERFACE 


The MC34114/214 
is a monolithic 
integrated 
telephone 
speech 
network designed to replace the bulky magnetic hybrid circuit of a 
telephone 
set. The MC34114/214 
incorporates 
the necessary 
functions 
of transmit 
amplification, 
receive 
amplification, 
and 
sidetone control, each with externally adjustable gain. Loop length 
equalization 
varies 
the 
gains 
based 
on 
loop 
current. 
The 
microphone 
amplifier 
has a balanced, 
differential 
input 
stage 
designed 
to 
reduce 
RFI problems. 
A MUTE 
input 
mutes 
the 
microphone 
and receive amplifiers 
during dialing. A regulated out- 
put voltage is provided for biasing the microphone, 
and a separate 
output voltage powers an external dialer. The MC34114/214 
is 
designed 
for operation 
with a supply voltage as low as 1.2 volts, 
making party line operation 
possible. A MODE SELECT input sets 
the circuit 
for Pulse or tone use. 
The 
MC34114 
complies 
with 
Bell 
Telephone 
and 
British 
Telecom (BT) standards. 
The MC34214 
complies 
with 
Nippon 
~ 


Telegraph and Telephone (NTT) standards. Both parts are available 
in a standard 
18 pin DIP, and a 20 
pin SOIC (surface 
mount) 
package. 


o 
Operation 
down 
to 1.2 volts. 
o 
Externally adjustable 
transmit, 
receive, and sidetone 
gains. 


o 
Differential 
Microphone 
amplifier 
input minimizes 
RFI. 


o 
Transmit, receive, and sidetone equalization 
on both voice and 
DTMF signals. 


o 
Regulated 
1.7 volts output 
for biasing 
microphone. 


o 
Regulated 
3.3 volts output 
for powering 
external dialer. 


o 
Microphone 
and receive amplifiers 
muted during 
dialing. 


o 
Differential 
receive amplifier 
output 
eliminates 
coupling 
capacitor. 


o 
Operates with 
receiver impedances 
of 150 ohms and 
higher. 
o 
MC34 114 complies 
with 
Bell Telephone and BT standards. 


o 
MC34214 
complies 
with 
NTT standards. 


MC34114 
MC34214 


TELEPHONE 
SPEECH 
NETWORK 
WITH 
DIALER INTERFACE 


SILICON MONOLOTHIC 
INTEGRATED CIRCUIT 


_SUFFIX 


PLASTIC PACKAGE 
CASE 707-02 


DW SUFFIX 
PLASTIC PACKAGE 
CASE 751D-02 


(Top View) 
(DIP 
Package) 


VCC 
VDD 


LR 
MT 


VB 
MS 


VR 
ZB 


GND 
RXA 


MCl 
RXI 


MC2 
RX01 


MCO 
RX02 


RAGC 
TXI 


STANDARDS 
PKG. 
PART NO. 


Bell Tel. & BT 
DIP 
MC34114P 
Bell Tel. & BT 
SOIC 
MC34114DW 
NIT 
DIP 
MC34214P 
NIT 
SOIC 
MC34214DW 


@ MOTOROLA 


Specifications 
and Applications 
Information 


CONTINUOUSLY 
VARIABLE SLOPE 
DELTA MODULATOR/DEMODULATOR 


Providing 
a simplified 
approach 
to digital 
speech encodingl 


decoding, 
the MC34115 CVSD is designed for speech synthesis 
and commercial 
telephone applications. A single IC provides both 
encoding and decoding ·functions. 


• 
Encode and Decode Functions Selectable with a Digital Input 


• 
Utilization 
of Compatible 
12L - 
Linear Bipolar Technology 


• 
CMOS Compatible 
Digital Output 


• 
Digital Input Threshold 
Selectable (VCC/2 
reference provided 
on chip) 


• 
3-Bit Algorithm 


EncodeJ 
Oe<ode 


15 
An.log 
1 
Input 
(-) 


Analog 
15 Encode, 


Feedback ( + I 
Decode 


Syllabic 
Clock 
Filter 


G.in 
Digital Data 


" 
Coincidence 
Control 
Inpytl-I 


Output 
Ref 
Digital 
Inpyt 1+) 
Thr.shold 


3 
~ 


4 
Syllabic 
Filter 
Output 


Gain 
Control 
Analog 
VCC12 
Output 
Output 


VEE 
Digit.1 
Outpyt 


Analog 
Input 


Analog 
Feedback 


Digita' 
Data 
Input 
13 


Digita' Threshold 12 


CONTINUOUSLY 
VARIABLE 
SLOPE 
DELTA 
MODULATO~DEMODULATOR 
- 


1 


PSUFAX 
PLASTIC 
PACKAGE 
CASE 648-05 
II 


II 


MAXIMUM 
RATINGS 
(All voltages 
referenced 
to VEE, TA 
= 25'C 
unless 
otherwise 
noted,) 
(See Note 
2,) 


Rating 
Symbol 
Value 
Unit 


Power 
Supply 
Voltage 
VCC 
-0,4 
to 
+ 18 
Vdc 


Differential 
Analog 
Input 
Voltage 
VID 
;:5,0 
Vdc 


Digital 
Threshold 
Voltage 
VTH 
-0.4to 
VCC 
Vdc 


Logic 
Input 
Voltage 
VLogic 
-0.4to 
+ 18 
Vdc 
(Clock, 
Digital 
Data, 
EncodelOecode) 


Coincidence 
Output 
Voltage 
VOIConl 
-0.4 
to 
+ 18 
Vdc 


Syllabic 
Filter 
Input 
Voltage 
VIISvll 
-0.4 
to VCC 
Vdc 


Gain 
Control 
Input 
Voltage 
VIIGCI 
-0.4 
to VCC 
Vdc 


Reference 
Input 
Voltage 
VIIRef) 
VCCI2- 
1.0 to VCC 
Vdc 


VCCI2 Output 
Current 
IRef 
-25 
mA 


Operating 
Ambient 
Temperature 
Range 
TA 
o to 
+ 70 
'c 


Operating 
Junction 
Temperature 
TJ 
+150 
'c 


Storage 
Temperature 
Range 
Tstn 
- 55 to 
+ 125 
'c 


ELECTRICAL CHARACTERISTICS 
(VCC 
= 
12 V, VEE 
= Gnd, 
TA 
~ O'C to 
+ 70'C 
unless 
otherwise 
notedl 


Characteri.tic 
Symbol 
Min 
Typ 
Max 
Unit 


Power 
Supply 
Voltage 
Range 
(Figure 
11 
VCC 
4.75 
12 
16.5 
Vdc 


Power 
Supply 
Current 
(Figure 
1) 
ICC 
mA 
(Idle Channel) 


VCC 
~ 
5.0 V 
- 
4.6 
7.5 


VCC=15V 
- 
7.0 
12 


Clock 
Rate 
SR 
- 
16 k 
- 
Samples/s 


Gain 
Control 
Current 
Range 
(Figure 
2) 
IGCR 
0.002 
- 
3.0 
mA 


Analog 
Comparator 
Input 
Range 
(Pins 
1 and 2) 
VI 
1.3 
- 
VCC 
-1.3 
Vdc 


4.75 V'" 
VCC '" 
16.5 V 


Analog 
Output 
Range 
(Pin 7) 
Vo 
1.3 
- 
VCC 
-1.3 
Vdc 


4.75 V'" 
VCC '" 
16.5 V, 10 ~ 
;:5.0 
mA 


Input 
Bias Currents 
(Figure 
3) 
liB 
J<A 


Comparator 
in Active 
Region 
Analog 
Input 
(11) 
- 
0.5 
2.5 
Analog 
Feedback 
(121 
- 
0.5 
2.5 
Syllabic 
Filter 
Input 
(13) 
- 
0.06 
0.5 
Reference 
Input 
(15) 
- 
-0.06 
-0.5 


Input Offset 
Current 
110 
J<A 


Comparator 
in Active 
Region 
Analog 
InputiAnalog 
Feedback 
- 
0.15 
0.8 


111-121- 
Figure 
3 
Integrator 
Amplifier 
- 
0.02 
0.2 
115-161- 
Figure 
4 


Input 
Offset 
Voltage 
VIO 
- 
2.0 
10 
mV 
VII Converter 
(Pins 3 and 4) - 
Figure 
5 


Transconductance 
gm 
mAim V 


VII Converter, 
0 to 3.0 mA 
0.1 
0.3 
- 
Integrator 
Amplifier, 
0 to 
+ 5.0 mA 
Load 
1.0 
10 
- 


Propagation 
Delay 
Times 
(Note 
1) 
p.S 


Clock 
Trigger 
to Digital 
Output 
tpLH 
- 
1.0 
3.0 


CL = 25 pF to Gnd 
tpHL 
- 
0.8 
3.0 


Clock 
Trigger 
io 
Coincidence 
Output 
tpLH 
- 
1.0 
3.5 


CL = 
25 pF to Gnd 
tpHL 
- 
0.8 
2.5 


RL = 4.0 kO to VCC 


Characteristic 
Symbol 
Min 
Typ 
Max 
Unit 


Coincidence 
Output 
Voltage 
- 
VOL(Con) 
- 
0.12 
0.25 
Vdc 


Low 
Logic 
State 


10LlConl 
~ 3.0 mA 


Coincidence 
Output 
Leakage 
Current- 
'OH(Con} 
- 
0.01 
0.5 
pA 


High 
Logic 
State 


VOH~15V 


Applied 
Digital 
Threshold 
Voltage 
Range 
(Pin 121 
VTH 
+ 1.2 
- 
VCC 
-2.0 
Vdc 


Digital 
Threshold 
Input 
Current 
II(th) 
pA 


1.2 V '" Vth 
'" VCC 
-2.0 
V 
VIL applied 
to Pins 13, 14 and 
15 
- 
- 
5.0 


VIH applied 
to Pins 
13, 14 and 
15 
- 
-10 
-50 


Maximum 
Integrator 
Amplifier 
Output 
Current 
10 
±5.0 
- 
- 
mA 


Vec/2 
Generator 
Maximum 
Output 
Current 
IRef 
+10 
- 
- 
mA 


(Source 
only) 


VCC/2 Generator 
Output 
Impedance 
zRef 
- 
3.0 
6.0 
{} 
o to 
+10 
mA 


VCC/2 Generator 
Tolerance 
H 
- 
- 
±3.5 
% 


4.75 V ",VCC'" 
16.5 V 


Logic 
Input 
Voltage 
(Pins 
13, 14 and 
15) 
Vdc 
Low Logic State 
VIL 
Gnd 
- 
Vth 
-0.4 
High 
Logic 
State 
VIH 
Vth 
+0.4 
- 
16.5 


Dynamic 
Total 
Loop 
Offset 
Voltage 
lVoffset 
mV 
INote 
3} - 
Figures 
3, 4 and 
5 
IGC 
~ 33 pA, VCC 
~ 
12 V 
TA = 25·C 
- 
002.5 
±7.0 


O·C '" TA '" 
+70·C 
- 
003.0 
±10 


IGC = 33 pA, VCC = 5.0 V 
TA 
~ 25·C 
- 
004.0 
±8.0 


O·C '" TA '" 
+70·C 
- 
004.5 
±12 


Digital 
Output 
Voltage 
(Pin 91 
Vdc 
10L = 3.6 mA 
VOL 
- 
0.1 
0.4 
IOH 
~ 
- 0.35 mA 
VOH 
VCC 
-1.0 
VCC 
-0.2 
- 


Syllabic 
Filter 
Applied 
Voltage 
(Pin 3) 
VI(Svl) 
+3.2 
- 
VCC 
Vdc 


Integrating 
Current 
(Figure 
2) 
Illntl 


IGC = 12 pA 
8.0 
10 
12 
pA 


IGC = 1.5 mA 
1.4 
1.5 
1.6 
mA 
IGC ~ 
3.0 mA 
2.75 
3.0 
3.25 
mA 


Dynamic 
Integrating 
Current 
Match 
(Figure 6) 
VO(Avel 
- 
±100 
±300 
mV 
IGC ~ 
1.5 mA 


Input 
Current 
- 
High 
Logic 
State 
IIH 
pA 


VIH = 16.5 V 
Digital 
Data 
Input 
- 
- 
+5.0 
Clock 
Input 
- 
- 
+5.0 
EncodetOecode 
Input 
- 
- 
+5.0 


Input 
Current 
- 
Low 
Logic 
State 
IlL 
pA 


VIL 
~ 0 V 
Digital 
Data 
Input 
- 
- 
-10 
Clock 
Input 
- 
- 
-360 
Encode/Decode 
Input 
I 
- 
- 
-36 
Clock 
Input, 
VIL 
~ 0.4 V 
- 
- 
-72 


NOTE 
3. 
Dynamic 
total 
loop 
offset 
(IVoffset) 
equals 
VIO 
(comparator) 
(Figure 
3) 
minus 
VI OX 
(Figure 
5). 
The 
input 
offset 
voltages 
of 
the 
analog 


comparator 
and 
of the 
integrator 
amplifier 
include 
the 
effects 
of input 
offset 
current 
through 
the 
input 
resistors. 
The 
slope 
polarity 
switch 


current 
mismatch 
appears 
as an average 
voltage 
across 
the 
10 k integrator 
resistor. 
The 
clock 
frequency 
is 16 kHz. 
Idle channel 
performance 


is guaranteed 
if this 
dynamic 
total 
loop 
offset 
is less than 
one·half 
of the 
change 
in integrator 
output 
voltage 
during 
one 
clock 
cycle 
(ramp 


step 
size). 


II 


II 


Pin 1 - 
Analog Input 
This is the analog comparator 
inverting 
input where 
the voice signal is applied. It may be ac or dc coupled 
depending 
on the application. 
If the voice signal is to 
be level shifted to the internal reference voltage, then 
a bias resistor between Pins 1 and 10 is used. The re- 
sistor is used to establish the reference as the new dc 
average of the ac coupled signal. The analog compar- 
ator was designed for low hysteresis (typically less than 
o 1 mV) and high gain (typically 70 dB). 


Pin 2 - 
Analog Feedback 
This is the non-inverting 
input to the analog signal 
comparator 
within 
the IC. In an encoder application 
it 
should be connected to the analog output ofthe encoder 
circuit. This may be Pin 7 or a low pass filter output 
connected to Pin 7. In a decode circuit Pin 2 is not used 
and may be tied to VCC'2 on Pin 10.ground or left open. 
The analog input comparator has bias currents of 2.5 
IlA max, thus the driving 
impedances of Pins 1 and 2 
should 
be equal to avoid disturbing 
the idle channel 
characteristics 
of the encoder. 


Pin 3 - 
Syllabic Filter 
This is the point at which the syllabic filter voltage is 
returned to the IC in order to control the integrator step 
size. It is an NPN input to an op amp. The syllabic filter 
consists of an RC network between Pins 11 and 3. Typ- 
ical time constant values of 6 ms to 50 ms are used in 
voice cadecs. 


Pin 4 - 
Gain Control Input 
The syllabic filter voltage appears across Cs of the 
syllabic filter and is the voltage between VCC and Pin 
3. The active voltage to current (V-I) converter 
drives 
Pin 4 to the same voltage at a slew rate of typically 0.5 
V/IlS. Thus the current injected into Pin 4 (lGC) is the 
syllabic filter voltage divided by the Rx resistance. Fig- 
ure 7 shows the relationship 
between IGC (x-axis) and 
the integrating 
current, 
lint (y-axis). The discrepancy. 


which is most significant at very low currents, is due to 
circuitry within the slope polarity switch which enables 
trimming 
to a low total loop offset. The Rx resistor is 
then varied to adjust the loop gain of the codec, but 
should be no larger than 5.0 kn to maintain stability. 


Pin 5 - 
Reference Input 
This pin is the non-inverting 
input of the integrator 
amplifier. It is used to reference the dc level of the output 
signal. In an encoder circuit it must reference the same 
voltage as Pin 1 and is tied to Pin 10. 


Pin 6 - 
Filter Input 
This inverting 
op amp input is used to connect the 
integrator external components. The integrating current 
(lInt) flows 
into Pin 6 when the analog input (Pin 11is 
high with respect to the analog feedback (Pin 2) in the 


encode mode or when the digital data input (Pin 13) is 
high in the decode mode. For the opposite states, lint 
flows out of Pin 6. Single integration systems require a 
capacitor and resistor between Pins 6 and 7. Multipole 
configurations 
will 
have different 
circuitry. 
The resis- 
tance between Pins 6 and 7 should typically be between 
8 kn 
and 
13 kn 
to 
maintain 
good 
idle 
channel 
characteristics. 


Pin 7 - 
Analog Output 
This is the integrator 
op amp output. It is capable of 
driving a 600-ohm load referenced to VCC/2to + 6 dBm 
and can otherwise be treated as an op amp output. Pins 
5, 6, and 7 provide full access to the integrator op amp 
for designing 
integration 
filter networks. The slew rate 
of the internally compensated integrator op amp is typ- 
ically 0.5 V/Ils. Pin 7 output is current limited for both 
polarities of current flow at typically 30 mA. 


Pin 8 - 
VEE 
The circuit is designed to work in either single or dual 
power supply applications. 
Pin 8 is always connected 
to the most negative supply. 


Pin 9 - 
Digital Output 
The digital 
output 
provides' the results of the delta 
modulator's 
conversion. 
It swings 
between VCC and 
VEE and is CMOS or TTL compatible. 
Pin 9 is inverting 
with respect to Pin 1 and non-inverting 
with respect to 
Pin 2. It is clocked on the falling edge of Pin 14. The 
typical 
10% to 90% rise and fall times are 250 ns and 
50 ns respectively for VCC = 12 V and CL = 25 pF to 
ground. 


Pin 10 - 
VCC/2 Output 
An internal low impedance 
mid-supply 
reference is 
provided for use of the MC34115 in single supply ap- 
plications. The internal regulator is a current source and 
must be loaded with a resistor to insure its sinking ca- 
pability. If a + 6 dBmo signal is expected across a 600 
ohm input bias resistor. then Pin 10 must sink 2.2 V/600 
II 
~ 3.66 mA. This is only possible if Pin 10 sources 
3.66 mA into a resistor normally 
and will source only 
the difference under peak load. The reference load re- 
sistor is chosen accordingly. A 0.1 IJ-Fbypass capacitor 
from Pin 10 to VEE is also recommended. 
The VCC/2 
reference is capable of sourcing 10 mA and can be used 
as a reference elsewhere in the system circuitry. 


Pin 11 - 
Coincidence Output 
The coincidence output will be low whenever the con- 
tent of the internal 3 bit shift register is all 1s or aliOs. 
Pin 11 is an open collector 
of an NPN device and re- 
quires a pull-up resistor. If the syllabic filter is to have 
equal charge and discharge time constants, the value 
of Rp should be much less than RS. In systems requiring 
different charge and discharge constants, the charging 


constant is RSCS while the decaying constant is (RS + 
RpICS. Thus longer decays are easily achievable. The 
NPN device should not be required to sink more than 
3 mA. The typical 
10% to 90% rise and fall times are 
200 ns and 100 ns respectively for RL = 4 kllto 
+ 12 V 
and CL = 25 pF to ground. 


Pin 12 - 
Digital Threshold 
This input sets the switching 
threshold 
for Pins 13, 


14, and 15. It is intended to aid in interfacing 
different 
logic families without 
external parts. Typically it is con- 


nected to the VCC/2 reference for CMOS interface or can 
be biased two diode drops above VEE for TTL interface. 


Pin 13 - 
Digital Data Input 
In a decode application, 
the digital data stream is ap- 
plied to Pin 13. In an encoder it may be unused or may 
be used to transmit signaling message under the control 
of Pin 15. It is an inverting 
input with respect to Pin 9. 


When Pins 9 and 13 are connected, a toggle flip-flop 
is 
formed and a forced idle channel pattern can be trans- 
mitted. The digital data input level should be maintained 
for 0.5 JLS before and after the clock trigger for proper 
clocking. 


O.lI'F 


~ 


16 


15 


14 


4 
CVSD 
13 
MC34115 
5 
12 


0.1 I'F 


~ 


Pin 14 - 
Clock Input 
The clock input determines 
the data rate of the codec 
circuit. A 16K bit rate requires a 16 kHz clock. The switch- 
ing threshold 
of the clock input is set by Pin 12. The 
shift register circuit toggles 
on the falling 
edge of the 
clock input. The minimum 
width 
for a positive-going 
pulse 
on the 
clock 
input 
is 300 ns, whereas 
for 
a 
negative-going 
pulse, it is 900 ns. 


Pin 15 - 
Encode/Decode 
This pin controls the connection 
of the analog input 
comparator 
and the digital 
input comparator 
to the in- 
ternal shift register. If high,the 
result of the analog com- 
parison will 
be clocked into the register on the falling 
edge at Pin 14. If low, the digital 
input state will 
be 
entered. This allows use of the IC as an encoder/decoder 
or simplex codec without 
external parts. Furthermore, 
it allows non-voice patterns to be forced onto the trans- 
mission line through 
Pin 13 in an encoder. 


Pin 16 - 
VCC 
The power 
supply 
range is from 
4.75 to 16.5 volts 
between pin VCC and VEE· 


FIGURE 2 - 
IGCR, GAIN CONTROL 
RANGE ond 
lint - 
INTEGRATING 
CURRENT 


IGC = ~ 
Rx 


Rx "" 5.0 k 


0.1 I'F 
~ 


14 


CVSD 
13 
MC34115 
5 
12 


·Clock 


Digital 
Data 
Input 


O.lI'F* 


Note: 
Digital 
Output 
= 
Digital 
Data 
Input 


II 


II 


V,O 
(comparator) 
11 
1.0 k 


12 
1.0 k 


CVSD 
14 


MC34115 
4 
13 


Note: The analog comparator 
offset .•••oltage is tested under 
dynamic 
conditions 
and 
therefore 
must 
be measured 
with 
appropriate 
fittering. 


FIGURE 5 - 
VII CONVERTER OFFSET VOLTAGE. 
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FIGURE 6 - 
DYNAMIC INTEGRATING CURRENT MATCH 
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Notes: 
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Integrating 
Current 
Match, 
is the 
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triangular 
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observed 
at 


the 
measurement 
points. 
across 
10 kO resistor 
with 
IGC 
:< 
1.5 mA. 


2. See 
Note 
3 of the 
Electrical 
Characteristics, 
Page 
3. 
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The continuously 
variable 
slope delta modulator 
(CVSD) is a simple alternative 
to more complex 
con- 
ventional 
conversion 
techniques 
in systems requiring 
digital 
communication 
of analog signals. The human 
voice is analog, but digital transmission 
of 'any signal 
over great distance is attractive. Signal/noise 
ratios do 
not vary with distance in digital transmission 
and mul- 
tiplexing, 
switching 
and repeating 
hardware 
is more 
economical 
and easier to design. However, instrumen- 


tation A to 0 converters 
do not meet the communica- 
tions requirements. 
The CVSD A to 0 is well suited to 
the requirements 
of digital communications 
and is an 
economically 
efficient means of digitizing analog inputs 
for transmission . 


The Delta Modulator 
The innermost 
control loop of a CVSD converter is a 
simple delta modulator. A block diagram CVSD Encoder 
is shown in Figure 11. A delta modulator 
consists of a 
comparator 
in the forward path and an integrator in the 
feedback path of a simple control 
loop. The inputs to 
the comparator 
are the input analog signal and the in- 


tregrator 
output. 
The comparator 
output 
reflects the 
sign of the difference 
between the input voltage and 
the integrator 
output. That sign bit is the digital output 
and also controls the direction of ramp in the integrator. 
The comparator 
is normally clocked so as to produce a 
synchronous 
and band limited digital bit stream. 


If the clocked serial bit stream is transmitted, received, 


and delivered to a similar integrator at a remote point. 
the remote integrator 
outpui is a copy of the transmit- 


ting control 
loop integrator 
output. To the extent that 
the integrator 
at the transmitting 
locations tracks the 
input signal, the remote receiver reproduces the input 
signal. Low pass filtering atthe receiver output will elim- 
inate most of the quantizing 
noise, if the clock rate of 
the bit stream is an octave or more above the bandwidth 
of the input signal. Voice bandwidth 
is 4 kHz and clock 
rates from 8 k and up are possible. Thus the delta mod- 
ulator digitizes and transmits 
the analog input to a re- 
mote receiver. The serial, unframed 
nature of the data 
is ideal for communications 
networks. With no input at 
the transmitter, 
a continuous 
one zero alternation 
is 
transmitted. 
If the two integrators are made leaky, then 
during 
any loss of contact the receiver output 
decays 
to zero and receive restart begins without framing when 
the receiver reacquires. Similarly 
a delta modulator 
is 
tolerant of sporadic bit errors. Figure 12 shows the delta 
modulator 
waveforms 
while Figure 13 shows the cor- 
responding 
CVSD decoder block diagram. 


The Companding 
Algorithm 
The fundamental 
advantages of the delta modulator 
are its simplicity 
and the serial format of its output. Its 
limitations 
are its ability to accurately convert the input 
within 
a limited 
digital bit rate. The analog input must 


be band limited 
and amplitude 
limited. The frequency 
limitations 
are governed by the nyquist rate while the 
amplitude 
capabilities 
are set by the gain 
of the 
integrator. 


The frequency limits are bounded on the upper end; 
that is, for any input 
bandwidth 
there exists a clock 
frequency larger than that bandwidth 
which will trans- 
mit the signal with a specific noise level. However, the 
amplitude 
limits are bounded on both upper and lower 
ends. For a signal level, one specific gain will achieve 
an optimum 
noise level. Unfortunately, 
the basic delta 
modulator 
has a small dynamic range over which the 
noise level is constant. 
The continuously 
variable 
slope circuitry 
provides 


increased dynamic 
range by adjusting 
the gain of the 


integrator. 
For a given clock frequency and input band- 


width 
the additional 
circuitry 
increases 
the delta 
modulator's 
dynamic r~nge. External to the basic delta 
modulator 
is an algorithm 
which monitors the past few 
outputs of the delta modulator 
in a simple shift register. 


The register is 3 bits long. The accepted CVSD algorithm 
simply monitors 
the contents of the shift register and 


indicates if it contains all 1s or Os.This condition is called 
coincidence. 
When it occurs, it indicates that the gain 
of the integrator 
is too small. The coincidence output 
charges a single pole low pass filter. The voltage output 
of this syllabic filter controls the integrator gain through 
a pulse amplitude 
modulator 
whose other input is the 
sign bit or up/down control. 


The simplicity 
of the all ones, all zeros algorithm 
should 
not be taken lightly. 
Many other control 
algo- 
rithms using the shift register have been tried. The key 
to the accepted algorithm 
is that it provides a measure 
of the average power or level of the input signal. Other 
techniques 
provide 
more 
instantaneous 
information 
about the shape of the input curve. The purpose of the 
algorithm 
is to control the gain of the integrator and to 
increase the dynamic range. Thus a measure of the av- 
erage input level is what is needed. 
The algorithm 
is repeated in the receiver and thus the 
level data is recovered in the receiver. Because the al- 
gorithm only operates on the past serial data, it changes 
the nature of the bit stream without changing the chan- 
nel bit rate. 


The effect of the algorithm 
is to compand the input 
signal. If a CVSD encoder is played into a basic delta 
modulator, the output of the delta modulator will reflect 
the shape of the input signal but all of the output will 
be at an equal level. Thus the algorithm 
at the output 
is needed to restore the level variations. The bit stream 
in the channel 
is as if it were from 
a standard 
delta 
modulator 
with a constant level input. 


The delta modulator 
encoder with the CVSD algo- 
rithm provides an efficient method for digitizing a voice 
input in a manner which 
is especially convenient 
for 
digital communications 
requirements. 


AGURE 14 - 
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APPLICATIONS 
INFORMATION 


CVSD DESIGN CONSIDERATIONS 


A simple CVSD encoder using the MC34115 is shown 
in Figure 14. This IC is a general purpose CVSD building 
block which allow the system designer to tailor the en- 
coder's transmission 
characteristics 
to the application. 
Thus, the achievable transmission 
capabilities 
are con- 
strained 
by the fundamental 
limitations 
of delta mod- 
ulation and the design of encoder parameters. The per- 
formance 
is not dictated 
by the internal configuration 
of the MC34115. There are six design considerations 
involved in designing the basic CVSD building block into 
a specific codec application. 
These are listed below: 


1. Selection of clock rate 


2. Selection of loop gain 
3. Selection of minimum 
step size 
4. Design of integration 
filter transfer function 
5. Design of syllabic filter transfer function 
6. Design of low pass filter at the receiver 


The circuit in Figure 14 is the most basic CVSD circuit 
possible. For many applications 
in secure radio or other 
intelligible 
voice channel requirements, 
it is entirely suf- 
ficient. In this circuit, items 4 and 5 are reduced to their 
simplest 
form. They syllabic and integration 
filters are 
both 
single 
pole 
networks. 
The selection 
of items 
1 
through 
3 govern the codec performance. 


II 


II 


Layout Considerations 
Care should be exercised to isolate all digital signal 
paths (Pins 9, 11, 13, and 14) from analog signal paths 
(Pins 1-7 and 10) in order to achieve proper idle channel 
performance. 


Clock Rate 
With minor modifications 
the circuit in Figure 14 may 
be operated anywhere from 9.6 kHzto 64 kHzclock rates. 
Obviously 
the higher the clock rate the higher the SIN 
performance. 
The circuit in Figure 14 typically produces 
the SIN performance 
shown in Figure 15. The selection 
of clock rate is usually dictated by the bandwidth 
of the 
transmission 
medium. 
Voice bandwidth 
systems will 
require 
no higher than 9600 Hz. Some radio systems 
will allow 12 kHz. Private 4-wire telephone systems are 
often operated at 16 kHz and commercial telephone per- 
formance can be achieved at 32K bits and above. 


FIGURE 
15 - 
SIGNAL·TO·NOISE 
PERFORMANCE 
OF MC34115 
WITH 
SINGLE 
INTEGRATION, 
SINGLE·POLE 
AND 
COMPANDING 
AT 16K BITS - 
TYPICAL 
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Selection of Loop Gain 
The gain of the circuit in Figure 14 is set by resistor 
Rx. Rx must be selected to provide the proper integrator 
step size for high level signals such that the companding 
ratio does not exceed about 25%. The companding 
ratio 
is the active low duty cycle of the coincidence 
output 
on Pin 11 of the codec circuit. Thus the system gain is 
dependent 
on: 


1. The maximum 
level and frequency 
of the input 
signal. 


2. The transfer function 
of the integration 
filter. 


For voice codecs the typical input signal is taken to be 
a sine wave at 1 kHz of 0 dBmo level. In practice, the 
useful dynamic 
range extends about 6 dB above the 
design level. In any system the companding 
ratio should 
not exceed 30%. 


To calculate the required step size current, we must 
describe the transfer 
characteristics 
of the integration 
filter. In the basic circuit of Figure 14, a single pole of 
160 Hz is used. 


R = 10kfl,C 
= 0.1 p.F 


~ 
_ 
1 
K 
Ii 
- 
CIS + 1IRC) '" S + Wo 


Wo = 2Trf 


103 
= Wo = 2Trf 


f= 
159.2 Hz 


Note that the integration 
filter 
produces a single- 


pole response from 300 to 3 kHz. The current required 
to move the integrator 
output 
a specific voltage from 
zero is simply: 


I' = Vo + C~ 
I 
R 
dt 


Nowa 0 dBmo sine wave has a peak value of 1.0954 
volts. In 118of a cycle of a sine wave centered around 
the zero crossing, the sine wave changes by approxi- 
mately its peak value. The CVSD step should trace that 
change. The required 
current 
for a 0 dBm 1 kHz sine 
wave is: 


I' _ ~ 
+ 0.1 p.F(1.1) _ 
I - 
'2(10 kfl) 
0.125 ms 
- 
0.935 mA 


'The 
maximum 
voltage across R when maximum 
slew is required 
is: 


1.1 V 


2 


Now the voltage 
range of the syllabic filter is the 
power supply voltage, thus: 


1 
Rx = 0.25(VCCI 0.935 mA 


A similar 
procedure 
can be followed 
to establish 
the proper gain for any input level and integration 
filter 
type. 


Minimum 
Step Size 
The final parameter to be selected for the simple co- 
dec in Figure 14 is idle channel step size. With no input 
signal, the digital 
output becomes a one-zero alternat- 
ing pattern and the analog output becomes a small tri- 
angle wave. Mismatches of internal currents and offsets 
limit the minimum 
step size which will produce a perfect 
idle channel pattern. The MC34115 is tested to ensure 
that a 20 mVp-p mimimum 
step size at 16 kHz will attain 
a proper idle channel. The idle channel step size must 
be twice the specified total loop offset if a one-zero idle 
pattern is desired. In some applications 
a much smaller 
minimum 
step size (e.g., 0.1 mY) can produce 
quiet 
performance 
without 
providing 
a 1-0 pattern. 


To set the idle channel step size, the value' of Rmin 
must be selected. With no input signal, the slope control 
algorithm 
is inactive. 
A long series of ones or zeros 
never occurs. Thus, the voltage across the syllabic filter 
capacitor (CS) would decay to zero. However, the volt- 
age divider 
of RS and Rmin (see Figure 14) sets the 
minimum 
allowed voltage across the syllabic filter ca- 
pacitor. That voltage must produce the desired ramps 
at the analog output. 
Again we write 
the filter 
input 
current equation: 


I' = '!..9. 
+ C dVo 
I 
R 
dt 


For values of Vo near VCC/2 
the VoiR term is negli- 
gible; thus 


peak-to-peak value of the idle output. For a 16K-bit sys- 
tem using the circuit in Figure 14 


I' _ 0.1 !J.F20 mV 
32 ~ 
I - 
62.5 !J.S 


The voltage on Cs which 
produces a 32 ~ 
current is 
determined 
by the value of Rx· 


liRx = Vsmin; 
for 32 ~, 
Vsmin 
= 41.6 mV 


In Figure 14 RS is 18 kO. That selection is discussed 
with 
the syllabic 
filter 
considerations. 
The voltage 
divider 
of RS and Rmin must produce 
an output 
of 
41.6 mV. 


VCC RS :~min 
= VSmin 
Rmin = 2.4 MO 


Having established 
these three parameters - 
clock 
rate, loop gain and minimum 
step size - 
the encoder 
circuit in Figure 14 will function 
at near optimum 
per- 
formance for input levels around 0 dBm. 


Integration 
Filter Design 
The circuit in Figure 14 uses a single-pole integration 
network 
formed 
with 
a 0.1 !J.Fcapacitor and a 10 kO 
resistor. It is possible to improve 
the performance 
of 
the circuit in Figure 14 by 1 or 2 dB by using a two-pole 
integration 
network. The improved 
circuit is shown. 
The first pole is still placed below 300 Hz to provide 
the liS voice content curve and a second pole is placed 
somewhere 
above the 1 kHz frequency. For telephony 
circuits, the second pole can be placed above 1.8 kHz 
to exceed the 1633 touchtone frequency. In other com- 
munication 
systems, values as low as 1 kHz may be 
selected. In general, the lower in frequency the second 
pole is placed, the greater the noise improvement. Then, 
to ensure the encoder loop stability, a zero is added to 
keep the phase shift less than 180'. This zero should be 
placed slightly 
above the low-pass output filter 
break 
frequency so as not to reduce the effectiveness of the 
second pole. A network of 235 Hz, 2 kHz and 5.2 kHz is 
typical for telephone applications 
while 160 Hz, 1.2 kHz 
and 2.8 kHz might be used in voice only channels. (Voice 
only channels can use an output low-pass filter which 
breaks at about 2.5 kHz.1The two-pole network in Figure 
16 has a transfer function 
of: 


These 
component 
values 
are 
for 
the 
telephone 
channel 
circuit 
poles 
described 
in the text. 
The 
R2, C2 product 
can be provided 
with 
different 
values 
of Rand 
C. R2 should 
be chosen 
to be equal 
to the 
termination 
resistor 
on Pin 
1. 


Thus the two poles and the zero can be selected arbi- 
trarily as long as the zero is at a higher frequency than 
the first 
pole. The values in Figure 16 represent 
one 
implementation 
of the telephony 
filter requirement. 


The selection of the two-pole filter network affects the 
selection of the loop gain value and the minimum 
step 
size resistor. The required integrator current for a give, 
change in voltage now becomes: 


I', = '!..9. + (R2C2 + R1Cl + Cl) 
~ 
+ 
RO 
RO 
RQ 
I1T 


( 
C 
R1C1R2C2) I1V~2 
R2C2 1 + 
RO 
I1T 


II 


II 


The calculation 
of desired gain resistor Rx then pro- 


ceeds exactly as previously 
described. 


Syllabic Filter Design 
The syllabic filter in Figure 14 is a simple single-pole 
network of 18 kG and 0.33 I'-F.This produces a 6.0 ms 
time constant for the averaging of the coincidence out- 
put signal. The voltage across the capacitor determines 
the integrator 
current which in turn establishes the step 
size. The integrator 
current and the resulting step size 
determine 
the companding 
ratio and the SIN perfor- 
mance. The companding 
ratio is defined as the voltage 
across CSNCC' 


The SIN performance 
may be improved by modifying 
the voltage to current transformation 
produced by Rx· 


If different 
portions 
of the total 
Rx are shunted 
by 
diodes, the integrator 
current can be other than IVCC 
- 
VS)/Rx' These breakpoint 
curves must be designed 
experimentally 
for the particular system application. 
In 
general, one would wish that the current would double 
with 
input level. To design the desired curve, supply 
current to Pin 4 of the codec from an external source. 
Input a signal level and adjust the current until the SIN 
performance 
is optimum. 
Then record the syllabic filter 
voltage and the current. Repeatthis for all desired signal 
levels. Then derive the resistor diode network 
which 
produces that curve on a curve tracer. 


Once the network 
is designed with the curve tracer, 


it is then inserted in place of Rx in the circuit and the 


forced 
optimum 
noise performance 
will 
be achieved 
from the active syllabic algorithm. 
Diode breakpoint 
networks 
may be very simple or 
moderately 
complex 
and can improve 
the usable dy- 
namic range of any codec. In the past they have been 
used in high performance 
telephone codecs. 


Typical 
resistor-diode 
networks 
are shown 
in Fig- 


ure 17. 


FIGURE 
17 - 
RESISTOR-DIODE 
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Output 
low 
Pass Filter 
A low pass filter 
is required 
at the receiving circuit 
output 
to eliminate 
quantizing 
noise. In general, the 
lower the bit rate, the better the filter must be. The filter 
in Figure 18 provides excellent performance for 12 kHz 
to 40 kHz systems. 
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Digital Input 


Codec Components 


RXI. RX2 - 
3.3 kO 


Rpl. RP2 - 
3.3 kO 
RSI. RS2 - 
100 kO 
Rll. RI2 - 
20 kn 
R12-1 
kO 
RM1. RM2 - 
10 MO 
Minimum 
step size 
= 20 mV 
CSI. CS2 - 
0.05 p.F 
Cll. CI2 - 
0.05 p.F 
2 MC34115 
1 MC3403 lor MC34061 


Input Filter Specifications 


12 dB/Octave Rollotl above 3.3 kHz 
6 d8/0ctave 
Rollotl below 50 Hz 


Output 
Filter Specifications 
Break Frequency - 
3.3 kHz 
Stop Band - 
9 kHz 
Stop Band Anen. - 
50 dB 
Rollotl - 
>40 dB/Octave 


Filter Components 


Rl-9650 
R2 -72 
kO 
R3-72 
kO 
R4 - 
63.46 kO 
R5-127 
kO 
R6 - 
365.5 kO 
R7-1.645 
MO 
R8-72 
kO 
R9-72kO 
Rl0- 
29.5 kO 
R11-72 
kO 


Cl-3.3p.F 
C2 - 
837 pF 
C3 - 
536 pF 
C4 - 
1000 pF 
C5 - 
222 pF 
C6-77 
pF 
C7 - 
38 pF 
C8 - 
837 pF 
C9 - 
536 pF 
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Specifications 
and Applications 


Information 


The MC34118 Voice Switched Speakerphone Circuit incorpo- 


rates 
the 
necessary 
amplifiers, 
attenuatars, 
level 
detectors, 
and 
control algorithm to form the heart of a high quality hands-free 
speakerphone system. Included are a microphone amplifier with 
adjustable gain and MUTE control, Transmit and Receive atten- 


uatars 
which 
operate 
in a complementary 
manner, 
level detectors 
at both input and output of both attenuators, and background 


noise 
monitors 
for both 
the transmit 
and 
receive 
channels. 
A Dial 


Tone Detector prevents the dial tone from being attenuated by 


the 
Receive 
background 
noise 
monitor 
circuit. 
Also 
included 
are 
two line driver amplifiers which can be used to form a hybrid 


network 
in conjunction 
with 
an external 
coupling 
transformer. 
A 


high-pass filter can be used to filter out 60 Hz noise in the receive 
channel, or for other filtering functions. A Chip Disable pin permits 


powering 
down 
the entire 
circuit 
to conserve 
power 
on long 
loops 


where 
loop 
current 
is at a minimum. 


The MC341' 8 may be operated from a power supply, or it can 
be powered from the telephone line, requiring typically 5.0 mA. 
The MC34118 can be interfaced directly to Tip and Ring (through 


a coupling 
transformer) 
for 
stand·alone 
operation, 
or 
it can 
be 


used 
in conjunction 
with 
a handset 
speech 
network 
and 
or other 


features 
of a featurephone. 


• Improved Attenuator Gain Range: 52 dB Between Transmit 


and 
Receive 


• 
Low Voltage Operation for Line-Powered Applications 
(3.0-6.5 V) 


• 4-Point Signal Sensing for Improved Sensitivity 


• 
Background 
Noise 
Monitors 
for 
Both 
Transmit 
and 
Receive 
Paths 


• 
Microphone 
Amplifier 
Gain 
Set 
by External 
Resistors 
- 
Mute 


Function Included 


• Chip Disable for Active Standby Operation 
• On Board Filter Pinned-Out for User Defined Function 
• 
Dial Tone Detector to Inhibit Receive Idle Mode During Dial 
Tone 
Presence 


• Standard 28-Pin Plastic DIP Package and SOIC Package 
Available 


• Compatible with MC34119 Speaker Amplifier 


VOICE SWITCHED 
SPEAKERPHONE 
CIRCUIT 


P SUFFIX 
PLASTIC 
PACKAGE 


CASE 710·02 


28"'" 
OW SUFFIX 
PLASTIC 
PACKAGE 
CASE 751F·Ol 


PIN CONNECTIONS 


(Top View) 


FO 
GND 


FI 
CPR 


CD 
RUl 


VCC 
RLOl 


HTO. 
TLOl 


HTO 
TUl 


HTI 
RXO 


TXO 
RXI 


TXI 
RU2 


MCO 
RL02 


MCI 
TL02 


MUT 
TU2 


VLC 
CPT 


CT 
VB 


Parameter 
Value 
Units 


Supply 
Voltage 
(Pin 
41 
-1.0, 
+ 7.0 
Vdc 


Voltage 
at CD (Pin 
31, MUT 
(Pin 
12) 
-1.0,VCC 
+ 
1.0 
Vdc 


Voltage 
at VLC 
(Pin 
131 
-1.0, 
VCC 
+ 
0.5 
Vdc 


Voltage 
at TXI 
(Pin 
91. RXI (Pin 
211, FI (Pin 
21 
- 0.5, VCC 
+ 
0.5 
Vdc 


Storage 
Temperature 
Range 
-65 
to 
+150 
°c 


Parameter 
Min 
Typ 
Max 
Units 


Supply 
Voltage 
(Pin 
41 (See Textl 
3.5 
- 
65 
Vdc 


CD Input 
(Pin 
31. MUT 
Input 
(Pin 
121 
0 
- 
VCC 
Vdc 


IVB Current 
(Pin 
151 
- 
- 
500 
/iA 


VLC (Pin 
131 
0.3 x VB 
- 
VB 
Vdc 


Attenuator 
Input 
Signal 
Voltage 
(Pins 
9, 211 
0 
- 
350 
mVrms 


Microphone 
Amplifier, 
Hybrid 
Amplifier 
Gain 
0 
- 
40 
dB 


Load 
Current 
(0 
RXO, 
TXO 
(Pins 
8, 221 
0 
- 
±2.0 
mA 


(0 
MCO 
(Pin 
101 
0 
- 
± 1.0 


(0 
HTO -, 
HTO + 
(Pins 
6, 5) 
0 
- 
±5.0 


Ambient 
Operating 
Temperature 
Range 
-20 
- 
+60 
°c 


ELECTRICAL 
CHARACTERISTICS 
(TA 
~ 
+ 25°C, VCC 
~ 
5.0 V, CD '" 0.8 V, unless 
noted) 


Parameter 
I 
Symbol 
I 
Min 


VCC Supply 
Current 
(VCC 
~ 
6.5 V, CD 
~ 
0.8 V) 
ICC 
- 
5.5 
8.0 
mA 
(VCC 
~ 
6.5 V, CD 
~ 
2.0 VI 
- 
600 
800 
/iA 


CD Input 
Resistance 
(VCC 
~ 
VCD 
~ 
6.5 VI 
RCD 
50 
90 
- 
kH 
CD Input 
Voltage 
- 
High 
VCDH 
2.0 
- 
VCC 
Vdc 
-Low 
VCDL 
0 
- 
0.8 
Vdc 


VB Output 
Voltage 
(VCC 
~ 
3.5 VI 
VB 
- 
1.3 
- 
Vdc 


(VCC 
~ 
5.0 VI 
1.8 
2.1 
2.4 


VB Output 
Resistance 
(IVB 
~ 
1.0 mAl 
ROVB 
- 
400 
- 
11 


VB Power 
Supply 
Rejection 
Ratio 
(CVB 
~ 
220 /iF, f ~ 
1.0 kHz) 
PSRR 
- 
54 
- 
dB 


Receive 
Attenuator 
Gain 
(f 
~ 
1.0 kHz, VLC 
~ 
VBI 
dB 
Rx Mode, 
RXI 
~ 
150 mVrms 
(VCC 
~ 
5.0 VI 
GRX 
+4.0 
+6.0 
+8.0 
Rx Mode, 
RXI 
~ 
150 mVrms 
(VCC 
~ 
3.5 VI 
GRX 
+4.0 
+6.0 
+8.0 
Gain 
Change 
- 
VCC 
~ 
3.5 V versus 
VCC 
~ 
5.0 V 
~GRXl 
-0.5 
0 
+0.5 
AGC 
Gain 
Change 
- 
VCC 
~ 
2.8 V versus 
VCC 
~ 
5.0 V' 
~GRX2 
- 
-25 
-15 
Idle 
Mode, 
RXI 
~ 
150 mVrms 
GRXI 
-22 
-20 
-17 
Range 
(Rx to Tx 
Model 
~GRX3 
49 
52 
54 


Volume 
Control 
Range 
(Rx Mode, 
0.3 VB < VLC < VB) 
VCR 
27 
35 
- 
dB 


RXO 
DC Voltage 
(Rx Model 
VRXO 
- 
VB 
- 
Vdc 


~RXO 
DC Voltage 
(Rx to Tx Mode) 
~VRXO 
- 
±10 
± 150 
mV 


RXO 
High 
Voltage 
(lout 
~ 
- 1.0 mA 
RXI 
~ 
VB 
+ 
1.5 VI 
VRXOH 
3.7 
- 
- 
Vdc 


RXO 
Low 
Voltage 
(lout 
~ 
+ 1.0 mA, 
RXI 
~ 
VB 
- 
1.0, 
VRXOL 
- 
-1.5 
-1.0 
Vdc 
Output 
measured 
with 
respect 
to VBI' 


RXI Input 
Resistance 
(RXI < 350 
mVrmsl 
RRXI 
7.0 
10 
14 
kl1 


II 


II 


ELECTRICAL 
CHARACTERISTICS 
(TA = + 25°C, VCC = 5,0 V, CD '" 0,8 V, unless noted) 


Parameter 
I 
Symbol 
I 
Min 


AnENUATORS 
- 
continued 
(TA = + 25°C) 


Transmit Attenuator 
Gain (f = 1,0 kHz) 
dB 
Tx Mode, TXI = 150 mVrms 
GTX 
+4,0 
+6.0 
+8.0 
Idle Mode, TXI = 150 mVrms 
GTXI 
-22 
-20 
-17 
Range (Tx to Rx Mode) 
IlGTXI 
49 
52 
54 


TXO DC Voltage (Tx Mode) 
VTXO 
- 
VB 
- 
Vdc 


IlTXO DC Voltage (Tx to Rx Model 
IlVTXO 
- 
±30 
±150 
mV 


TXO High Voltage Iiout ~ - 1.0 mA TXI = VB + 1.5 VI 
VTXOH 
3.7 
- 
- 
Vdc 


TXO Low Voltage (lout = + 1.0 mA. TXI = VB - 
1.0 V, 
VTXOL 
- 
-1.5 
-1.0 
Vdc 


Output measured with respect to VBI' 


TXI Input Resistance ITXI < 350 mVrms) 
RTXI 
7.0 
10 
14 
kfl 


Gain Tracking (GRX + GTX, ~ Tx, Idle, Rx)' 
GTR 
- 
±0.1 
- 
dB 


CT Voltage (Pin 14 - 
VB) 
VCT 
mV 
Rx Mode (VLC ~ VBI 
- 
+240 
- 


Idle Mode 
- 
0 
- 
Tx Mode 
- 
-240 
- 


CT Source Current (switching to Rx mode) 
ICTR 
-85 
-60 
-40 
I"A 


CT Sink Current Iswitching 
to Tx model 
Icn 
+40 
+60 
+85 
I"A 


CT Slow Idle Current 
ICTS 
- 
0 
- 
I"A 


CT Fast Idle Internal Resistance 
RFI 
1.5 
2.0 
3.6 
kll 


VLC Input Current 
IVLC 
- 
-60 
- 
nA 


Dial Tone Detector Threshold 
VDT 
10 
15 
20 
mV 


Ouptut Offset (VMCO - 
VB, Feedback R = 180 kfl) 
MCOVOS 
-50 
0 
+50 
mVdc 


Open Loop Gain (f < 100 Hz) 
AVOLM 
70 
80 
- 
dB 


Gain Bandwidth 
GBWM 
- 
1.0 
- 
MHz 


Output High Voltage (lout ~ -1.0 
mA, VCC ~ 5.0 V) 
VMCOH 
3.7 
- 
- 
Vdc 


Output Low Voltage (lout ~ + 1.0 mAl 
VMCOL 
- 
- 
200 
mVdc 


Input Bias Current (it MCI) 
IBM 
- 
-40 
- 
nA 


Muting (IlGainl (f = 1.0 kHz, VMUT = 2.0 VI 
GMT 
-55 
- 
- 
dB 
(300 Hz < f < 10 kHzI 
- 
-68 
- 


MUT Input Resistance (VCC = VMUT = 6.5 V) 
RMUT 
50 
90 
- 
kfl 


MUT Input - 
High 
VMUTH 
2.0 
- 
VCC 
Vdc 


MUT Input - 
Low 
VMUTL 
0 
- 
0.8 
Vdc 


Distortion 
(300 Hz < f < 10kHz) 
THDM 
- 
0.15 
- 
% 


HTO - 
Offset (VHTO _ 
- 
VB, Feedback R = 51 kfl) 
HVOS 
-20 
0 
+20 
mVdc 


HTO - 
to HTO + Offset (Feedback R ~ 51 kfl) 
HBVOS 
-30 
0 
+30 
mVdc 


Open Loop Gain (HTI to HTO -. 
f < 100 Hz) 
AVOLH 
60 
80 
- 
dB 


Gain Bandwidth 
GBWH 
- 
1.0 
- 
MHz 


Closed Loop Gain (HTO - 
to HTO + I 
AVCLH 
-0.35 
0 
+0.35 
dB 


Input Bias CUM'ent(@HTI) 
IBH 
- 
-30 
- 
nA 


HTO- 
High Voltage (lout = -5.0 
mAl 
VHT-H 
3.7 
- 
- 
Vdc 


HTO - 
Low Voltage (lout = + 5.0 mAl 
VHT-L 
- 
- 
250 
mVdc 


HTO + High Voltage (lout ~ - 5.0 mAl 
VHT+H 
3.7 
- 
- 
Vdc 


HTO + Low Voltage (lout ~ + 5.0 mAl 
VHT+L 
- 
- 
450 
mVdc 


Distortion 
(300 Hz < f < 10 kHz, See Figure 1) 
THDH 
- 
0.3 
- 
% 


Transmit-Receive 
Switching 
Threshold 
ITH 
0.8 
1.0 
1.2 


(Ratio 
of Current 
at RLl1 
+ 
RLl2 to 20 p.A 


at TLl1 
+ 
TLl2 
to switch 
from 
Tx to Rx) 


Source 
Current 
at RL01, 
RL02, 
TL01, 
TL02 
ILSO 
- 
-2.0 
- 
mA 


Sink 
Current 
at RL01, 
RL02, 
TLOl, 
TL02 
ILSK 
- 
4.0 
- 
p.A 


CPR, CPT Output 
Resistance 
(lout 
= 
1.5 mAl 
RCp 
- 
35 
- 
11 


CPR, CPT Leakage 
Current 
ICPLK 
- 
-0.2 
- 
p.A 


Voltage 
Offset 
at FO (VFO 
~ 
VB, 220 kl1 from 
VB to FI) 
FOVOS 
-200 
-90 
0 
mV 


FO Sink 
Current 
IFO 
150 
260 
400 
p.A 


FI Bias 
Current 
IFI 
- 
-50 
- 
nA 


SYSTEM 
DISTORTION 
(TA = 
+ 25·C, 
f ~ 
1.0 kHz) 


Rx Mode 
(From 
FI to RXO, 
FO connected 
to RXI) 


Tx 
Mode 
(From 
MCI 
to HTO-/HTO+, 
includes 
Tx attenuator) 


'-"AA3 
Vin 
-:~:. 
I 
10 k 


HTO- 
-----..., 
II 


Typical 
Value 
Typical 
Change 
Parameter 
@25·C 
-20 
to 
+60·C 


VCC Supply 
Current 
(CD 
~ 
0.8 V) 
5.0 mA 
~0.3 
%rC 


VCC Supply 
Current 
(CD 
~ 
2.0 V) 
400 p.A 
-0.4%rC 


VB Output 
Voltage 
(VCC 
~ 
5.0 V) 
2.1 V 
+0.8 %rC 


Attenuator 
Gain 
(Max 
Gain) 
+6.0 
dB 
0.0008 
dBrC 


Attenuator 
Gain 
(Max 
Attenuation) 
-46 
dB 
0.004 
dBrC 


Attenuator 
Input 
Resistance 
W' 
TXI, 
RXI) 
10 kl1 
+0.6%rC 


Dial 
Tone 
Detector 
Threshold 
15 mV 
+20 
p'vrc 


CT Source, 
Sink 
Current 
±60 
p.A 
-0.15 
%rC 


Microphone, 
Hybrid 
Amplifier 
Offset 
o mV 
±4.0 
p'vrc 


Transmit-Receive 
Switching 
Threshold 
1.0 
±0.02 
%rC 


Sink 
Current 
at RL01, 
RL02, 
TL01, 
TL02 
4.0 p.A 
-10 
nArC 


Closed 
Loop 
Gain 
(HTO - 
to HTO +) 
o dB 
0.001 %rC 


• 


II 


Pin 
Name 
Description 


1 
Fo 
Filter 
output. 
Output 
impedance 
is less 


than 
50 ohms. 


2 
FI 
Filter 
input. 
Input 
impedance 
is greater 
than 
1.0 Mohm. 


3 
CD 
Chip 
Disable. 
A logic 
low 
I<0.8 
V) sets 
normal 
operation. 
A logic 
high 
(>2.0 
VI 


disables 
the Ie to conserve 
power. 
Input 
impedance 
is nominally 
90 kO. 


4 
VCC 
A supply 
voltage 
of 
+ 2.8 to 
+ 6.5 volts 


is required, 
at = 5.0 mA. As VCC falls 
from 
3.5 to 2.8 volts, 
an AGC circuit 
reduces 
the receive 
attenuatar 
gain by 


= 25 dB Iwhen 
in the receive 
mode). 


5 
HTo+ 
Output 
of the second 
hybrid 
amplifier. 


The gain 
is internally 
set at -1.0 
to 


provide 
a differential 
output, 
in 
conjunction 
with 
HTo -, 
to the hybrid 


transformer. 


6 
HTo- 
Output 
of the first 
hybrid 
amplifier. 
The 


gain 
of the 
amp 
is set by external 


resistors. 


7 
HTI 
Input 
and 
summing 
node 
for the first 
hybrid 
amplifier. 
DC level 
is =VB. 


8 
TXo 
Output 
of the transmit 
attenuatar. 
DC 


level 
is approximately 
VB. 


9 
TXI 
Input to the transmit 
attenuatar. 
Max. 


signal 
level 
is 350 mVrms. 
Input 
impedance 
is =10 
kO. 


10 
MCo 
Output 
of the microphone 
amplifier. 
The 
gain 
of the 
amplifier 
is set by external 


resistors. 


11 
MCI 
Input 
and summing 
node 
of the 
microphone 
amplifier. 
DC level 
is = VB. 


12 
MUT 
Mute 
input. 
A logic 
low 
«0.8 
V) sets 


normal 
operation. 
A logic 
high 
1>2.0 V) 


mutes 
the 
microphone 
amplifier 
without 


affecting 
the 
rest of the 
circuit. 
Input 


impedance 
is nominally 
90 kO. 


Pin 
Name 
Description 


13 
VLC 
Volume 
control 
input. 
When 
VLC = VB, 


the 
receive 
attenuatar 
is at maximum 


gain 
when 
in the 
receive 
mode. 
When 
VLC = 0.3 VB, the receive 
gain 
is down 
35 dB. Does not affect the transmit 
mode. 


14 
CT 
An RC at this 
pin sets the 
response 
time 


for the circuit 
to switch 
modes. 


15 
VB 
An output 
voltage 
=VCC/2. 
This voltage 


is a system 
ac ground, 
and 
biases 
the 


volume 
controL 
A filter 
cap is required. 


16 
CPT 
An RC at this 
pin sets the time 
constant 


for the transmit 
background 
monitor. 


17 
TLl2 
Input 
to the transmit 
level 
detector 
on 
the mike/speaker 
side. 


18 
TLo2 
Output 
of the transmit 
level 
detector 
on 
the mike/speaker 
side, 
and 
input 
to the 


transmit 
background 
monitor. 


19 
RLo2 
Output 
of the 
receive 
level 
detector 
on 
the mike/speaker 
side. 


20 
RLl2 
Input 
to the 
receive 
level 
detector 
on the 


mike/speaker 
side. 


21 
RXI 
Input 
to the 
receive 
attenuator 
and dial 
tone 
detector. 
Max 
input 
level 
is 350 mV 
RMS. 
Input 
impedance 
is =10 
kll. 


22 
RXo 
Output 
of the 
receive 
attenuator. 
DC 


level 
is approximately 
VB. 


23 
TLl1 
Input 
to the transmit 
level 
detector 
on 
the 
line side. 


24 
TLo1 
Output 
of the transmit 
level 
detector 
on 


the 
line side. 


25 
RLo1 
Output 
of the 
receive 
level 
detector 
on 


the 
line side, 
and 
input 
to the 
receive 


background 
monitor. 


26 
RLl1 
Input 
to the 
receive 
level 
detector 
on the 
line side. 


27 
CPR 
An RC at this pin sets the time 
constant 


for the 
receive 
background 
monitor. 


28 
GND 
Ground 
pin for the entire 
IC. 


6 
HTO---.., 
I 
I 
I 
5 


HTO+ 


11[, 


120 
I 
J 
15 


~' 


Speaker 
= 
Amp 


MC34119 


II 


II 


INTRODUCTION 
The fundamental 
difference between the operation 
of 
a speakerphone 
and a handset 
is that of half-duplex 
versus full-duplex. 
The handset is full duplex since con- 


versation 
can occur 
in both directions 
(transmit 
and 
receive) 
simultaneously. 
A speakerphone 
has higher 
gain levels in both paths, and attempting 
to converse 
full 
duplex 
results 
in oscillatory 
problems 
due to the 
loop that exists within 
the system. The loop is formed 
by the receive and transmit 
paths, the hybrid, and the 
acoustic 
coupling 
(speaker to microphone). 
The only 
practical 
and. economical 
solution 
used to date is to 
design the speakerphone 
to function 
in a half duplex 
mode - 
i.e., only one person speaks at a time, while 
the other listens. To achieve this requires a circuit which 
can detect who is talking, switch on the appropriate 
path 
(transmit or receive), and switch off (attenuate) the other 
path. In this way, the loop gain is maintained 
less than 
unity. When the talkers exchange function, 
the circuit 
must quickly 
detect this, and switch the circuit 
appro- 
priately. By providing 
speech level detectors, the circuit 
operates in a "hands-free" 
mode, eliminating 
the need 
for a "push-to-talk" 
switch. 


The handset, by the way, has the same loop as the 
speakerphone. 
But since the 
gains 
are considerably 
lower, and since the acoustic coupling from the earpiece 
to the mouthpiece 
is almost 
non-existent 
(the receiver 
is normally 
held against 
a person's 
ear), oscillations 
don't occur. 


The MC341 18 provides the necessary level detectors, 


attenuators, 
and switching 
control for a properly 
oper- 
ating speakerphone. 
The detection 
sensitivity 
and tim- 
ing 
are externally 
controllable. 
Additionally, 
the 
MC341 18 provides 
background 
noise monitors 
which 
make the circuit 
insensitive 
to room 
and line noise, 
hybrid 
amplifiers 
for interfacing 
to Tip and Ring, the 
microphone 
amplifier, 
and other associated functions. 
Please refer to the Block Diagram (Figure 2) when read- 
ing the following 
sections. 


ATTENUATORS 
The transmit 
and receive 
attenuators 
are comple- 
mentary in function, 
i.e., when one is at maximum 
gain 
(+ 6.0 dB), the other is at maximum 
attenuation 
(- 46 
dB), and vice versa. They are never both fully on or both 
fully off. The sum of their gains remains constant (within 
a nominal 
error band of ± 0.1 dB) at a typical value of 


-40 
dB (see Figure 10). Their purpose is to control the 
transmit 
and receive paths to provide 
the half-duplex 
operation 
required 
in a speakerphone. 


The attenuators 
are non-inverting, 
and have a - 3.0 
dB (from max gain) frequency 
of =100 kHz. The input 
impedance of each attenuator (TXI and RXIl is nominally 
10 ko. (see Figure 3). and the input 
signal should 
be 
limited to 350 mVrms (990 mVp-p) to prevent distortion. 
That maximum 
recommended 
input signal is indepen- 
dent of the volume control setting. The diode clamp on 


the inputs limits the input swing, and therefore the max- 
imum 
negative 
output 
swing. 
This is the 
reason for 
VRXOL and VTXOL specification 
being defined as they 
are in the Electrical Characteristics. 
The output 
imped- 
ance is <100. 
until the output 
current 
limit 
(typically 
2.5 mAl is reached. 


d:C- 


B 


10 k 
TXI 
To Allenuator 


(RXII 
4.0 k 
96 k 
llnput 


The attenuators 
are controlled 
by the single output of 
the Control 
Block, which 
is measurable 
at the CT pin 
(Pin 14). When the CT pin is at + 240 millivolts 
with 
respect to VB, the circuit is in the receive mode (receive 
altenuator 
is at + 6.0 dB). When the CT pin is at - 240 
millivolts 
with respect to VB, the circuit is in the transmit 
mode (transmit 
attenuator 
is at + 6.0 dB). The circuit is 
in an idle mode when the CT voltage 
is equal to VB, 
causing the altenuators' 
gains to be halfway 
between 
their fully on and fully off positions (- 20 dB each). Mon- 
itoring 
the CT voltage 
(with respect to VB) is the most 
direct method of monitoring 
the circuit's 
mode. 
The inputs to the Control Block are seven: 2 from the 
comparators 
operated by the level detectors, 2 from the 
background 
noise 
monitors, 
the volume 
control, 
the 
dial-tone 
detector, 
and the AGC circuit. 
These seven 
inputs are described 
below. 


LEVEL DETECTORS 
There are four level detectors - 
two on the receive 
side and two on the transmit 
side. Refer to Figure 4- 
the terms 
in parentheses 
form 
one system, 
and the 
other terms form the second system. Each level detector 
is a high gain amplifier 
with back-to-back diodes in the 
feedback path, resulting 
in non-linear 
gain, which per- 
mits operation 
over a wide dynamic 
range of speech 
levels. Refer to the graphs of Figures 11, 12 and 13 for 
their dc and ac transfer 
characteristics. 
The sensitivity 
of each level detector 
is determined 
by the external 
resistor 
and capacitor 
at each input 
(TU1, TU2, RU1, 
and RU2). Each output 
charges an external 
capacitor 
through 
a diode and limiting 
resistor, thus providing 
a 
dc representation 
of the input ac signal level. The out- 
puts have a quick rise time (determined 
by the capacitor 
and an internal 350 0. resistor). and a slow decay time 
set by an internal current source and the capacitor. The 
capacitors 
on the four 
outputs 
should 
have the same 
value (± 10%) to prevent timing 
problems. 
Referring to Figure 2, on the receive side, one level 
detector (RU1) is at the receive input receiving the same 
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signal as at Tip and Ring, and the other (RLl2) is at the 
output 
of the speaker 
amplifier. 
On the transmit 
side, 


one level detector 
(TLl2) is at the output 
of the micro- 
phone amplifier, 
while 
the other (TLl1) is at the hybrid 
output. 
Outputs 
RL01 and TL01 feed a comparator, 
the 
output 
of which 
goes to the Attenuator 
Control 
Block. 
Likewise, 
outputs 
RL02 and TL02 feed a second 
com- 
parator which also goes to the Attenuator 
Control 
Block. 
The truth 
table for the effects of the level detectors 
on 
the Control 
Block is given in the section describing 
the 
Control 
Block. 


BACKGROUND 
NOISE 
MONITORS 
The purpose 
of the background 
noise monitors 
is to 
distinguish 
speech (which consists of bursts) from back- 
ground 
noise (a relatively 
constant 
signal 
level). There 
are two 
background 
noise 
monitors 
- 
one 
for 
the 
receive path and one for the transmit 
path. Referring 
to 
Figure 4, the receive background 
noise monitor 
is oper- 
ated on by the RLl1-RL01 level detector, while the trans- 
mit 
background 
noise 
monitor 
is operated 
on by the 
TLl2-TL02 
level detector. 
They monitor 
the background 
noise 
by 
storing 
a de voltage 
representative 
of the 
respective 
noise 
levels 
in capacitors 
at CPR and CPT. 


The voltages 
at ttJese pins have slow rise times 
(deter- 
mined 
by the external 
RC). but fast decay times. 
If the 
signal 
at RLl1 (or TLl2) changes 
slowly, 
the voltage 
at 
CPR (or CPT) will remain more positive than the voltage 
at the non-inverting 
input of the monitor's 
output 
com- 
parator. When speech is present, the voltage on the non- 
inverting 
input of the comparator 
will 
rise quicker than 


the voltage 
at the inverting 
input (due to the burst char- 
acteristic 
of speech). causing 
its output 
to change. This 
output 
is sensed by the Attenuator 
Control 
Block. 
The 36 mV offset at the comparator's 
input keeps the 


comparator 
from changing 
state unless the speech level 


exceeds 
the 
background 
noise 
by ~4.0 
dB. The time 
constant 
of the external 
RC (~4.7 seconds) determines 
the response 
time to background 
noise variations. 


VOLUME 
CONTROL 
The volume 
control 
input at VlC (Pin 13) is sensed as 
a voltage 
with respect to VB. The volume 
control 
affects 
the attenuators 
only in the receive mode. It has no effect 
in the idle or transmit 
modes. 
When 
in the 
receive 
mode, 
the gain 
of the 
receive 
attenuator 
will be + 6.0 dB, and the gain of the transmit 
attenuator 
will 
be -46 
dB only when 
VlC 
is equal to 
VB. As VLC is reduced below VB, the gain of the receive 
attenuator 
is reduced 
(see Figure 
14), and the gain of 
the transmit 
attenuator 
is increased such that their sum 
remains constant. 
Changing 
the voltage 
at VlC changes 
the voltage 
at CT (see the Attenuator 
Control 
Block sec- 
tion), which 
in turn controls 
the attenuators. 


The volume 
control 
setting 
does not affect the max- 
imum 
attenuator 
input 
signal 
at which 
noticeable 
dis- 
tortion 
occurs. 
The bias current 
at VLC is typically 
60 nA out of the 
pin, and does not vary significantly 
with the VlC voltage 
or with VCC' 


DIAL TONE 
DETECTOR 
The dial tone detector 
is a comparator 
with one side 
connected 
to the receive input (RXI) and the other input 
connected 
to VB with 
a 15 mV offset 
(see Figure 5). If 
the circuit 
is in the 
receive 
mode, 
and the 
incoming 
signal 
is greater 
than 
15 mV (10 mVrms), 
the compar- 
ator's 
output 
will 
change, 
disabling 
the 
receive 
idle 
mode. The receive attenuator 
will 
then 
be at a setting 
determined 
solely by the volume 
control. 


The purpose 
of this circuit 
is to prevent 
the dial tone 


II 


•• 


(which would 
be considered 
as continuous 
noise) from 
fading away as the circuit would 
have the tendency 
to 
switch 
to the idle mode. By disabling 
the receive idle 
mode, the dial tone remains 
at the normally 
expected 
full level. 


To 


Attenuator 
Control 
Block 


AGe 
The AGe circuit affects the circuit only in the receive 
mode, and only when the supply voltage 
(Ved 
is less 
than 3.5 volts. As Vee falls below 3.5 volts, the gain of 
the receive attenuator 
is reduced according to the graph 
of Figure 
15. The transmit 
path attenuation 
changes 
such that the sum of the transmit 
and receive gains 
remains constant. 


The purpose 
of this feature 
is to reduce the power 
(and current) used by the speaker when a line-powered 
speakerphone 
is connected 
to a long 
line, where 
the 
available 
power 
is limited. 
By reducing 
the speaker 
power, the voltage sag at Vee is controlled, 
preventing 
possible 
erratic operation. 


ATTENUATOR 
CONTROL 
BLOCK 
The Attenuator 
Control 
Block has the seven inputs 
described 
above: 


The output of the comparator 
operated by RL02 and 
TL02 (microphone/speaker 
side) - 
designated 
C1. 


The output of the comparator 
operated by RL01 and 
TL01 (Tip/Ring side) - 
designated 
C2. 


The output 
of the transmit 
background 
noise mon- 


itor - 
designated 
C3. 


The output of the receive background 
noise monitor 
- 
designated 
C4. 


The volume 
control. 


The dial tone detector. 
The AGC circuit. 
The single output of the Control Block controls the two 
attenuators. 
The effect of C1-C4 is as follows: 


Inputs 
Output 
Cl 
C2 
C3 
C4 
Mode 


Tx 
Tx 
, 
X 
Transmit 


Tx 
Rx 
y 
y 
Fast Idle 


Rx 
Tx 
y 
y 
Fast Idle 


Rx 
Rx 
X 
, 
Receive 


Tx 
Tx 
0 
X 
Slow Idle 
Tx 
Rx 
0 
0 
Slow Idle 


Rx 
Tx 
0 
0 
Slow Idle 


Rx 
Rx 
X 
0 
Slow Idle 


A definition of the above terms: 


1) "Transmit" 
means the transmit attenuatar is fully on (+6.0 
dB). 


and the receive attenuatar is at max. attenuation ( - 46 dBI. 


2) "Receive" means both attenuatars are controlled by the volume 
control. At max. volume. the receive attenuatar is fully on {+ 6.0 
dBI. and the transmit attenuatar is at max. attenuation ( - 46 dB). 


3) "Fast Idle" means both transmit and receive speech are present 


in approximately 
equal 
levels. 
The attenuatars 
are quickly 


switched 
(30 ms) 
to idle until 
one 
speech 
level 
dominates 
the other. 


4) "Slow Idle" means speech has ceased in both transmit and receive 


paths. The attenuators are then slowly switched (1 second) to the 
idle mode. 


5) Switching to the full transmit or receive modes from any other 


mode is at the fast rate (=30 ms). 


A summary 
of the truth table is as follows: 
1) The circuit will switch to transmit 
if: a) both trans- 


mit level detectors sense higher signal levels relative to 
the respective receive level detectors (TLl1 versus RLl1, 
TLl2 versus RLl2). and b) the transmit 
background 
noise 


monitor 
indicates the presence of speech. 
2) The circuit will switch to receive if: a) both receive 


level detectors sense higher signal levels relative to the 
respective 
transmit 
level detectors, 
and b) the receive 


background 
noise 
monitor 
indicates 
the presence 
of 
speech. 


3) The circuit will switch to the fast idle mode if the 


level detectors 
disagree 
on the relative strengths 
of the 


signal levels, and at least one of the background 
noise 


monitors 
indicates speech. For example, referring to the 


Block Diagram 
(Figure 2). if there is sufficient 
signal at 


the 
microphone 
amp 
output 
(TLl2) 
to 
override 
the 


speaker signal 
(RLl2). and there is sufficient 
signal 
at 
the receive 
input 
(RLl1) to override 
the signal 
at the 
hybrid 
output 
(TLl1). and either 
or both 
background 
monitors 
indicate speech, then the circuit will be in the 


fast idle mode. Two conditions 
which can cause the fast 


idle mode to occur are al when both talkers are attempt- 
ing to gain control of the system by talking at the same 
time, and b) when one talker is in a very noisy environ- 
ment, forcing 
the other talker to continually 
override 


that noise level. In general, the fast idle mode will occur 
infrequently. 
4) The circuit will switch to the slow idle mode when 
a) both talkers are quiet (no speech present), or b) when 
one talker's 
speech level is continuously 
overriden 
by 


noise at the other speaker's location. 


The time required to switch the circuit between trans- 


mit, receive, fast idle and slow idle is determined 
in part 


by the components 
at the CT pin (Pin 14). (See the sec- 


tion 
on Switching 
Times for a more complete 
expla- 


nation of the switching 
time components.) 
A schematic 


of the CT circuitry 
is shown 
in Figure 6, and operates 
as follows: 


RT is typically 
120 kfi, and CT is typically 
5.0 iLF. 


To switch to the receive mode, 11is turned on (12is 
off). charging 
the external 
capacitor 
to 
+ 240 mV 


above VB. (An internal clamp prevents further charg- 
ing of the capacitor.) 
To switch to the transmit 
mode, 12is turned 
on (11 
is off) bringing 
down the voltage on the capacitor to 
- 240 mV with 
respect to VB. 


To switch 
to 
idle 
quickly 
(fast 
idle). 
the 
current 
sources are turned off, and the internal 2.0 kfl resis- 
tor is switched 
in, discharging 
the capacitor 
to VB 
with a time constant 
= 2.0 k x Cr- 


To switch 
to 
idle 
slowly 
Islow 
idle). 
the 
current 
sources are turned off, the switch at the 2.0 kfl resis- 
tor 
is open, 
and 
the capacitor 
discharges 
to 
VB 
through the external resistor RTwith a time constant 


= RT x CT· 


RT 


CT 


MICROPHONE 
AMPLIFIER 
The microphone 
amplifier 
IPins 10, 111 has the non- 
inverting 
input 
internally 
connected 
to VB, while 
the 
inverting 
input 
and the output 
are pinned 
out. Unlike 
most 
op-amps, 
the amplifier 
has an all-NPN 
output 
stage, 
which 
maximizes 
phase 
margin 
and 
gain- 


bandwidth. 
This feature ensures stability 
at gains less 
than unity, as well as with a wide range of reactive loads. 
The open loop gain is typically 
80 dB If <100 Hz). and 
the gain-bandwidth 
is typically 
1.0 MHz (See Figure 16). 
The maximum 
pop output swing is typically 
1.0 volt less 
than VCC with an output impedance 
of <10 il until cur- 
rent limiting 
is reached 
(typically 
1.5 mAl. 
Input 
bias 
current at MCI is typically 
40 nA out of the pin. 


FIGURE 7 - 
MICROPHONE 
AMPLIFIER 
AND MUTE 
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The muting 
function 
(Pin 12). when 
activated, 
will 
reduce the gain of the amplifier 
to = - 39 dB (with RMI 


= 5.1 kil) by shorting 
the output 
to the inverting 
input 
(see Figure 7). The mute input has a threshold 
of =1.5 


volts, and the voltage 
at this pin must be kept within 
the range of ground and VCC (see Figure 17). If the mute 
function 
is not used, the pin should 
be grounded. 


HYBRID AMPLIFIERS 
The two hybrid amplifiers 
(at HTO +, HTO -, 
and HTIl, 
in conjunction 
with an external transformer, 
provide the 
two-to-four 
wire 
converter 
for interfacing 
to the tele- 
phone line. The gain of the first amplifier 
(HTI to HTO -) 
is set by external 
resistors (gain = - RHF/RHI in Figure 
2). and its output 
drives the second amplifier, 
the gain 
of which is internally 
set at - 1.0. Unlike most op-amps, 
the amplifiers 
have an all-NPN output stage, which max- 
imizes phase margin and gain-bandwidth. 
This feature 
ensures stability 
at gains less than unity, as well as with 
a wide 
range of reactive loads. The open loop gain of 
the 
first 
amplifier 
is typically 
80 dB, 
and 
the 
gain 
bandwidth 
of each amplifier 
;s =1.0 MHz (see Figure 
16). The maximum 
POpoutput 
swing of each amplifier 
is typically 
1.2 volts less than VCC with an output imped- 
ance of <10 fl until current limiting 
is reached Itypically 
8.0 mAl. The output current capability 
is guaranteed 
to 
be a minimum 
of 5.0 mA. The bias current 
at HTI is 
typically 
30 nA out of the pin. 
The 
connections 
to 
the 
coupling 
transformer 
are 
shown 
in the 
Block 
Diagram 
(Figure 
2). The 
block 


labeled 
ZBal 
is the 
balancing 
network 
necessary 
to 
match the line impedance. 


FILTER 
The operation 
of the filter circuit is determined 
by the 
external 
components. 
The circuit within 
the MC34118, 


from pins FI to FO is a buffer with a high input imped- 
ance (>1.0 Mill. 
and a low output 
impedance 
1<50 ill. 
The configuration 
of the external 
components 
deter- 
mines whether the circuit is a high-pass filter (as shown 
in Figure 2), a low-pass filter, or a band-pass filter. 


As a high pass filter, with the components 
shown 
in 
Figure 8, the filter will keep out 60 Hz (and 120 Hz) hum 
which can be picked up by the external telephone 
lines. 
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As a low pass filter (Figure 9). it can be used to roll off 
the high end frequencies 
in the receive circuit, 
which 
aids in protecting 
against acoustic feedback problems. 


II 


II 


With an appropriate 
choice of an input coupling 
capac- 
itor to the low pass filter, a band pass filter is formed. 
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POWER SUPPLY, 
VB, AND CHIP DISABLE 
The power 
supply 
voltage 
at VCC (Pin 4) is to be 
between 
3.5 and 6.5 volts for normal 
operation, 
with 
reduced operation 
possible down to 2.8 volts (see Fig- 


ure 15 and the AGC section). The power supply current 
is shown in Figure 18 for both the power-up and power- 
down mode. 
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The output voltage at VB (Pin 15) is =(VCC - 
0.7)/2, 
and provides the ac ground for the system. The output 
impedance at VB is =400 G (see Figure 19), and in con- 
junction 
with the external capacitor at VB, forms a low 
pass filter 
for power 
supply 
rejection. 
Figure 20 indi- 
cates the amount of rejection with different 
capacitors. 


The choice of capacitor is application 
dependent 
based 
on whether the circuit is powered by the telephone 
line 
or a power supply. 


Since VB biases the microphone 
and hybrid 
ampli- 


fiers, the amount of supply rejection at their outputs 
is 
directly 
related to the rejection 
at VB, as well as their 
respective gains. Figure 21 depicts this graphically. 


The Chip Disable (Pin 3) permits powering 
down the 
IC to conserve power and/or for muting purposes. With 
CD "'0.8 volts, 
normal 
operation 
is in effect. Wit,h CD 


;"2.0 volts and ",VCC, the IC is powered 
down. 
In the 
powered 
down 
mode, the microphone 
and the .hybrid 
amplifiers 
are disabled, and their outputs 
go to a high 
impedance state. Additionally, 
the bias is removed from 
the level detectors. 
The bias is not removed 
from the 


filter 
(Pins 1, 2), the attenuators 
(Pins 8,9,21,22), 
or 
from Pins 13, 14, and 15 (the attenuators 
are disabled, 
however, and will not pass a signal). The input imped- 
ance at CD is typically 
90 kG, has a threshold 
of =1.5 


volts, and the voltage 
at this pin must be kept within 
the range of ground 
and VCC (see Figure 17). If CD is 
not used, the pin should be grounded. 
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FIGURE 
20 - 
VB POWER 
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REJECTION 
versus 
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AND 
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SWITCHING 
TIME 
The switching 
time of the MC34118 circuit 
is domi- 


nated by the components 
at CT (Pin 14. refer to Figure 
6), and secondarily 
by the capacitors at the level detec- 


tor outputs 
(RL01, RL02, TL01, TL02). 


The time to switch to receive or to transmit 
from idle 
is determined 
by the capacitor at CT, together 
with the 
internal current sources (refer to Figure 6). The switch- 
ing time is: 


C>T= C>V x CT 
I 


For the typical case where C>V = 240 mV. 
I = 60 !J.A. 


and CT is 5.0 !J.F,C>T = 20 ms. If the circuit 
switches 
directly from receive to transmit 
(or vice-versa). the total 
switching 
time would 
be 40 ms. 


The switching 
time from either receive or transmit 
to 
idle depends on which type of idle mode is in effect. If 
the circuit 
is going 
to "fast 
idle," 
the time constant 
is 
determined 
by the CT capacitor, and the internal 2.0 kn 
resistor (Figure 6). With CT = 5.0 !J.F,the time constant 
is =10 ms. giving 
a switching 
time to idle of =30 ms 
(for 95% change). Fast idle is an infrequent 
occurrence, 
however, occurring when both speakers are talking and 
competing 
for control of the circuit. The switching 
time 
from idle back to either transmit 
or receive is described 
above. 
If the circuit is switching 
to "slow 
idle," the time con- 
stant is determined 
by the CT capacitor 
and RT. the 
external 
resistor (see Figure 6). With CT = 5.0 !J.F.and 
RT = 120 kll. 
the time constant 
is =600 ms, giving 
a 
switching 
time of =1.8 seconds (for 95% change). The 
switching 
period to slow idle begins when both speak- 
ers have stopped 
talking. 
The switching 
time 
back to 
the original 
mode will depend on how soon that speaker 
begins speaking again. The sooner the speaking starts 
during the 1.8 second period, the quicker the switching 
time since a smaller voltage excursion 
is required. That 
switching 
time 
is determined 
by the internal 
current 
sources as described 
above. 
The above switching 
times occur, however, after the 
level detectors have detected the appropriate 
signal lev- 
els, since their outputs 
operate the Attenuator 
Control 
Block. Referring to Figure 4, the rise time of the level 
detectors' 
outputs to new speech is quick by compari- 
son (= 1.0 ms), determined 
by the internal 350 n resistor 
and the external 
capacitor 
(typically 
2.0 !J.F).The out- 
put's decay time is determined 
by the external capacitor, 
and an internal 
4.0 !J.A current 
source giving 
a decay 
rate of =60 ms for a 120 mV excursion 
at RLO or TLO. 
However. the overall response time of the circuit is not 
a constant 
since it depends on the relative strength 
of 
the signals 
at the different 
level detectors. 
as well 
as 
the timing of the signals with respect to each other. The 
capacitors at the four outputs (RL01. RL02. TL01. TL02) 
must be equal value (0: 10%) to prevent 
problems 
in 
timing 
and level response. 


The rise time 
of the level detector's 
outputs 
is not 
significant 
since it is so short. The decay time. however. 


provides a significant 
part of the "hold time" 
necessary 
to hold the circuit during the normal 
pauses in speech. 


The components 
at the inputs of the level detectors 
(RLl1, RLl2. TLl1, TLl2) do not affect the switching 
time, 


but rather affect the relative 
signal 
levels required 
to 
switch the circuit. as well as the frequency 
response of 
the detectors. 


Referring to Figure 24 (the coupling 
capacitors 
have 
been omitted 
for simplicity), 
and the circuit 
of Figure 
23, the following 
definitions 
will be used (all measure- 
ments are at 1.0 kHz): 


GMA is the gain of the microphone 
amplifier 
mea- 
sured from the microphone 
output to TXI (typically 
35 VN, or 31 dB); 
GTX is the gain of the transmit 
attenuator. 
measured 
from TXI to TXO; 
GHA is the gain of hybrid amplifiers. 
measured from 
TXO to the HTO -/HTO + differential 
output 
(typi- 


cally 10.2 VN, or 20.1 dB); 
- 
GHT is the gain from 
HTO -/HTO + to Tip/Ring for 
transmit 
signals. and includes the balance network 
(measured 
at 0.4 VN, or -8.0 
dB); 
GST is the sidetone 
gain, measured 
from 
HTO-/ 


HTO + to the filter 
input (measured 
at 0.18 VN. or 


-15 dB); 
GHR is the gain from Tip/Ring to the filter 
input for 
receive signals (measured at 0.833 VN or - 1.6 dB); 
GFO is the gain of the filter 
stage. measured 
from 
the input of the filter to RXI, typically 
0 dB at 1.0 kHz; 


GRX is the gain of the receive attenuator 
measured 
from RXI to RXO; 
GSA is the gain of the speaker amplifier, 
measured 
from RXO to the differential 
output 
of the MC341 19 
(typically 
22 VN 
or 26.8 dB); 
GAC is the acoustic 
coupling. 
measured 
from 
the 
speaker differential 
voltage to the microphone 
out- 
put voltage. 


Il Transmit Gain 


The transmit 
gain, from the microphone 
output 
(VM) 
to Tip and Ring. is determined 
by the output 
charac- 


teristics 
of the microphone, 
and the desired 
transmit 
level. For example. 
a typical 
electret 
microphone 
will 
produce =0.35 mVrms 
under normal speech conditions. 


To achieve 100 mVrms 
at Tip/Ring, 
an overall 
gain of 
285 VN is necessary. The gain ofthe transmit 
attenuator 
is fixed at 2.0 (+ 6.0 dB), and the gain through the hybrid 
of Figure 23 (GHT) is nominally 
0.4 (- 8.0 dB). Therefore 
a gain of 357 VN 
is required 
of the microphone 
and 
hybrid amplifiers. 
It is desirable to have the majority 
of 
that gain in the microphone 
amplifier 
for three reasons: 
1) the low level signals from the microphone 
should be 
amplified 
as soon as possible to minimize 
signal/noise 
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These 
two 
resistors 
depend 
on the specific 
microphone 
selected. 


2) Component 
values 
shown 
are recommendations 
only, 
and will 
vary 
In 


different 
applications. 


3) 
This 
capacitor 
must 
be physically 
adjacent 
to Pin 4 of the 
MC34118. 


4) 
BNM 
Background 
NOise Monitor; 
OlD 
- 
Dial Tone 
Detector. 


5) 
Recommended 
transformer: 
Stancor 
TTPe-13. 
Mlcrotran 
T5115. 


61 Capacitor 
values 
are 
In ,.,.F unless 
otherwise 
noted. 
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problems; 
2) to provide a reasonable signal level to the 
TLl2 level detector; 
and 3) to minimize 
any gain applied 
to broadband 
noise generated 
within 
the attenuator. 


However, 
to cover the normal 
voiceband, 
the micro- 
phone 
amplifier's 
gain should 
not exceed 48 dB (see 
Figure 16). For the circuit 
of Figure 23, the gain of the 
microphone 
amplifier 
was set at 35 VN (31 dB). and the 
differential 
gain of the hybrid amplifiers 
was set at 10.2 
VN (20.1 dB). 


II) Receive Gain 
The overaU receive 
gain 
depends 
on the incoming 
signal 
level, 
and the 
desired 
output 
power 
at the 
speaker. 
Nominal 
receive 
levels 
(independent 
of the 
peaks) 
at Tip/Ring 
can 
be 35 mVrms 
(- 
27 dBm). 


although 
on long 
lines that 
level can be down 
to 8.0 
mVrms (-40 
dBm). The speaker power is: 


10dBm/10 x 0.6 
PSPK = 
RS 


where RS is the speaker impedance, 
and the dBm term 
is the incoming 
signal level increased by the gain of the 
receive path. Experience 
has shown 
that =30 dB gain 
is a satisfactory 
amount for the majority 
of applications. 
Using 
the above 
numbers 
and 
Equation 
1, it would 
appear 
that 
the 
resulting 
power 
to the 
speaker 
is 
extremely 
low. However, 
Equation 
1 does not consider 
the peaks in normal speech, which can be 10 to 15 times 
the rms value. Considering 
the peaks, the overaU -aver- 
age power 
approaches 
20-30 
mW on long lines, and 
much more on short lines. 
Referring to Figure 23, the gain frOm Tip/Ring to the 
filter 
input 
was measured 
at 0.833 VN (- 
1.6 dB), the 


filter's 
gain is unity, and the receive attenuator's 
gain is 
2.0 VN 
(+ 6.0 dB) at maximum 
volume. 
The speaker 
amplifier's 
gain is set at 22 VN (26.8 dB). which 
puts 
the overaU gain at =31.2 dB. 


III) Loop Gain 
The total loop gain (of Figure 24) must add up to less 
than 
zero dB to obtain 
a stable 
circuit. 
This 
can be 


expressed 
as: 


GMA + GTX + GHA + GST + GFO + GRX + GSA + 
GAC < 0 
(Equation 
2) 


Using the typical numbers mentioned 
above, and know- 


ing that GTX + GRX = -40 
dB, the required 
acoustic 


coupling 
can be determined: 


GAC < -[31 
+ 20.1 + (-15) 
+ 0 + (-40) 
+ 26.81 = 
- 22.9 dB. 
(Equation 
3) 


An acoustic loss of at least 23 dB is necessary to prevent 
instability 
and 
osciUations, 
commonly 
referred 
to 
as 
"singing." 
However, the foUowing 
equations 
show that 


greater acoustic loss is necessary to obtain proper level 
detection 
and switching. 


IV) Switching 
Thresholds 
To switch 
comparator 
C1, currents 
11and 13need to 


be determined. 
Referring 
to Figure 24, with 
a receive 


signal 
VL 
applied 
to Tip/Ring, 
a current 
13 wiU flow 
through 
R3 into 
RLl2 
according 
to 
the 
following 
equation: 


13 = ~~ [ GHR x GFO x GRXX G~A ] 


II 


where the terms in the brackets are the VIV gain terms. 
The speaker amplifier 
gain is divided 
by two since GSA 
is the 
differential 
gain 
of 
the 
amplifier, 
and 
V3 is 
obtained 
from 
one side of that output. 
The current 
11, 
coming 
from the microphone 
circuit, is defined by: 


I 
_ VM x GMA 
1 - 
R1 


where VM is the microphone 
voltage. Since the switch- 


ing threshold 
occurs when 11= 13,combining 
the above 
two equations 
yields: 


V 
R1 [GHR x GFO x GRX x GSAI 
LX R3 
GMA x 2 


(Equation 6) 


This is the general 
equation 
defining 
the microphone 


voltage 
necessary 
to switch 
comparator 
C1 when 
a 
receive 
signal 
VL is present. 
The highest 
VM occurs 
when the receive attenuator 
is at maximum 
gain (+ 6.0 
dB). Using the typical 
numbers for Equation 6 yields: 


To switch comparator 
C2, currents 
12and 14need to 
be determined. 
With sound applied to the microphone, 


a voltage 
VM is created 
by the microphone, 
resulting 
in a current 
12into TLl1: 


12 = ~~ 
[ GMA x GTX x G~A ] 


Since GHA is the differential 
gain of the hybrid 
ampli- 


fiers, it is divided by two to obtain the voltage V2 applied 
to 
R2. Comparator 
C2 switches 
when 
14 = 
12· 14 is 
defined 
by: 


VL 
14 = R4 [GHR x GFO) 


Setting 
14 = 12, and combining 
the above 
equations 
results in: 


v 
V 
R4 
[GMA x GTX x GHAI 
L = 
M x R2 x 
[GHR x GFO x 21 


(Equation 
10) 


This equation 
defines the line voltage 
at Tip/Ring 
nec- 


essary to switch 
comparator 
C2 in the presence of a 


microphone 
voltage. 
The highest 
VL occurs when the 
circuit is in the transmit 
mode (GTX = +6.0 dB). Using 
the typical 
numbers for Equation 
10 yields: 


At idle, 
where 
the gain 
of the two 
attenuators 
is 


- 20 dB (0.1 VIV), Equations 
6 and 10 yield the same 
result: 


Equations 7, 11, and 12 define the thresholds 
for switch- 
ing, and are represented 
in the following 
graph: 


The "M" 
terms are the slopes of the lines (0.52, 0.024, 


and 0.0019) which are the coefficients 
of the three equa- 


tions. The MRX line represents the receive to transmit 
threshold 
in that it defines the microphone 
signal level 
necessary 
to switch 
to transmit 
in the presence of a 
given receive signal level. The MTX line represents the 
transmit 
to receive threshold. 
The Mlline 
represents the 


idle condition, 
and defines the threshold 
level on one 
side (transmit 
or receive) necessary to overcome 
noise 
on the other. 


Some comments 
on the above graph: 
- 
Acoustic coupling 
and sidetone coupling 
were not 
included 
in Equations 
7 and 12. Those couplings 
will 
affect the actual performance 
of the final speakerphone 


due to their interaction 
with speech at the microphone, 


and the receive signal coming in at Tip/Ring. The effects 
of those couplings 
are difficult 
to predict due to their 
associated 
phase 
shifts 
and 
frequency 
response. 
In 
some cases the coupling signal will add, and other times 
subtract from the incoming 
signal. The physical design 
of the speakerphone 
enclosure, 
as well as the specific 


phone line to which it is connected, will affect the acous- 
tic and sidetone 
couplings, 
respectively. 


- 
The MRX line helps define the maximum 
acoustic 


coupling 
allowed in a system, which can be found from 
the following 
equation: 


G 
= 
R1 
AC-MAX 
2 x R3 x GMA 


Equation 
13 is independent 
of the volume 
control 
set- 
ting. Conversely, 
the acoustic 
coupling 
of a designed 
system helps determine the minimum 
slope of that line. 


Using the component 
values of Figure 23 in Equation 


13 yields a GAC-MAX of - 37 dB. Experience has shown, 
however, 
that an acoustic 
coupling 
loss of >40 dB is 
desirable. 


- 
The MTX line helps define the maximum 
sidetone 
coupling 
(GST) allowed 
in the system, 
which 
can be 


found from the following 
equation: 


G 
_ 
R4 
ST - 
2 x R2 x GFO 


Using the component 
values of Figure 23 in Equation 
14 yields a maximum 
sidetone 
of 0 dB. Experience 
has 
shown, 
however, 
that 
a minimum 
of 6.0 dB loss is 
preferable. 
The above equations 
can be used to determine 
the 
resistor values for the level detector 
inputs. Equation 
6 
can be used to determine 
the R1 R3 ratio, and Equation 


10 can be used to determine 
the R4,R2 ratio. In Figure 
24, R1-R4 each represent 
the combined 
impedance 
of 
the resistor and coupling 
capacitor at each level detector 
input. The magnitude 
of each RC's impedance 
should 
be kept within 
the range of 2.0 k-15 kf1 in the voiceband 


(due to the typical 
signal 
levels present) 
to obtain 
the 
best performance 
from the level detectors. 
The specific 
Rand 
C at each location 
will 
determine 
the frequency 


response of that level detector. 


APPLICATION INFORMATION 


DIAL TONE 
DETECTOR 
The threshold 
for the dial tone detector 
is internally 
set at 15 mV (10 mVrms) 
below VB (see Figure 5). That 


threshold 
can be reduced by connecting 
a resistor from 
RXI to ground. 
The resistor 
value is calculated 
from: 


R ~ 10k 
[~e 
- 
1] 


where VB is th·e voltage at Pin 15, and:::'V is the amount 
of threshold 
reduction. 
By connecting 
a resistor 
from 
VCC to RXI, the threshold 
can be increased. The resistor 


value is calculated 
from: 


R ~ 10 k [VCC:::.~ VB - 
1] 


where :::'Vis the amount 
of the threshold 
increase. 


BACKGROUND 
NOISE 
MONITORS 
For testing 
or circuit 
analysis 
purposes, 
the transmit 
or receive attenuators 
can be set to the "on" 
position, 
by disabling 
the background 
noise monitors, 
and apply- 
ing a signal so as to activate the level detectors. Ground- 
ing the CPR pin will 
disable 
the 
receive 
background 
noise 
monitor, 
thereby 
indicating 
the 
"presence 
of 


speech" 
to the attenuator 
control 
block. Grounding 
CPT 


does the same for the transmit 
path. 


Additionally, 
the receive background 
noise monitor 
is 
automatically 
disabled 
by the dial tone detector 
when- 
ever the receive signal exceeds the detector's 
threshold. 


TRANSMIT/RECEIVE 
DETECTION 
PRIORITY 
Although 
the MC34118 was designed 
to have an idle 
mode 
such that the attenuators 
are halfway 
between 


their full on and full off positions, 
the idle mode can be 


biased towards 
the transmit 
or the receive side. With 
this done, gaining 
control 
of the circuit 
from 
idle will 


be easier for that side towards 
which 
it is biased since 


that path will 
have less attenuation 
at idle. 
By connecting 
a resistor 
from CT (Pin 14) to ground, 


the circuit will be biased towards 
the transmit 
side. The 
resistor value is calculated 
from: 


R~RT[~e-1] 


where R is the added resistor, RT is the resistor normally 
between 
Pins 14 and 15 (typically 
120 kOI. and eN 
is 


the difference 
between VB and the voltage 
at CT at idle 
(refer to Figure 10). 


By connecting 
a resistor from CT (Pin 14) to VCC, the 
circuit will be biased towards the receive side. The resis- 
tor value is calculated 
from: 


R = RT[VC\~ 
VB - 
1] 


R, RT, and t:N are the same as above. 
Switching 
time 
will 
be somewhat 
affected 
in each case due to the dif- 
ferent voltage excursions 
required to get to transmit 
and 
receive from 
idle. For practical 
considerations, 
the t1V 
shift should 
not exceed 100 mV. 


VOLUME 
CONTROL 
If a potentiometer 
with a standard 
linear taper is used 
for the volume 
control, 
the graph of Figure 14 indicates 
that the receive gain will 
not vary in a linear 
manner 
with 
respect to the pot's 
position. 
In situations 
where 
this 
may 
be objectionable, 
a potentiometer 
with 
an 
audio taper (commonly 
used in radio volume 
controls) 
will 
provide 
a more 
linear relationship 
as indicated 
in 


Figure 26. The slight 
non-linearity 
at each end of the 
graph is due to the physical 
construction 
of the poten- 


tiometer, 
and will vary among different 
manufacturers. 


- ~ 
""-. 


'-. '-. 


""-. 


""- 


"--- 


~ 
-10 


z 
'" 
'" 
- 20 


APPLICATION 
CIRCUIT 
The circuit 
of Figure 23 is a basic speakerphone, 
to 
be used in parallel with any other telephone 
which con- 


II 


tains the ringer, dialer, and handset functions. 
The cir- 
cuit 
is powered 
entirely 
by the telephone 
line's 
loop 
current, 
and its characteristics 
are shown 
in Figures 
27-30. 
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Figure 31 shows how the same circuit can be confi- 
gured to be powered 
from a 3.5-6.0 volt power supply 
rather than the phone line. 


Hook 
Switch 


IIC, 


To 


HTO+ 


VT~C" 100~F ~ 
] 
+OJ :~~:r 


To CD: _ 
(Note 
1) ~ 
• 
0.- 
r 
Supply 
D2 


iS- 1) This capacitor 
must 
able 
be physically 
adiacent 
To CD 
_------ 
to Pin 4 of the MC34118. 
(MC341191 


ADDING 
A DIALER 
Figure 32 shows the addition 
of a dialer to the circuit 
of Figure 23, with the additional 
components 
shown 
in 
bold. The MC145412 pulse/tone 
aialer is shown 
confi- 


gured for DTMF operation. 
The DTMF output 
(Pin 18) is 
fed to the hybrid amplifiers 
at HTI, and the DTMF levels 
at Tip/Ring are adjusted 
by varying 
the 39 kH resistor. 


The Mute Output (active low at Pin 11) mutes the micro- 
phone amplifier, 
and attenuates the DTMF signals in the 
receive path (by means of the 10 k/3.0 k divider). 
The 
MC34118 is forced into the fast idle mode during dialing. 
The 3.0 volt battery 
provides 
for memory 
retention 
of 
the 
dialer's 
10 number 
storage 
when 
the 
circuit 
is 
unpowered. 


RFI INTERFERENCE 
Potential 
radio 
frequency 
interference 
problems 
should be addressed early in the electrical and mechan- 
ical design of the speakerphone. 
RFI may enter the cir- 


cuit through 
Tip and Ring, through 
the microphone 
wir- 
ing to the microphone 
amplifier, 
or through 
any of the 
PC board 
traces. 
The 
most 
sensitive 
pins 
on the 
MC34118 
are the inputs 
to the level detectors 
(RU1, 
RU2, TU1, TU2) since, when there is no speech present, 
the inputs are high impedance 
and these op amps are 
in a near open loop condition. 
The board traces to these 
pins should be kept short, and the resistor and capacitor 
for each Qf these pins should be physically 
close to the 
pins. Any other high impedance 
input pin (MCI, HTI, FI, 
VLC) should 
be considered 
sensitive 
to RFI signals. 


IN THE FINAL ANALYSIS ... 


Proper operation 
of a speakerphone 
is a combination 
of proper mechanical 
(acoustic) design as well as proper 
electronic 
design. The acoustics 
of the enclosure 
must 
be considered 
early in the design of a speakerphone. 
In 
general, electronics 
cannot compensate 
for poor acous- 


tics, low speaker quality, or any combination 
of the two. 
Proper 
acoustic 
separation 
of the speaker and micro- 
phone, as described 
in the Design Equations, 
is essen- 
tial. The physical location ofthe 
microphone, 
along with 
the characteristics 
of the selected microphone, 
will play 
a large role in the quality 
of the transmitted 
sound. The 
microphone 
and speaker vendors 
can usually 
provide 
additional 
information 
on the use of their products. 
In the final 
analysis, 
the circuits 
shown 
in this data 
sheet will have to be "fine tuned" 
to match the acoustics 
of the enclosure, 
the specific 
hybrid, 
and the specific 
microphone 
and speaker selected. The component 
val- 
ues shown 
in this data sheet should 
be considered 
as 
starting 
points 
only. 
The 
gains 
of the 
transmit 
and 
receive paths are easily adjusted at the microphone 
and 
speaker 
amplifiers, 
respectively. 
The 
switching 


response 
can then be fine tuned 
by varying 
(in small 
steps) the components 
at the level detector 
inputs until 
satisfactory 
operation 
is obtained 
for 
both 
long 
and 
short lines. 


Microphones 
Primo Microphones 
Inc. 
Bensenville, 
IL 60106 
312-595- 1022 
Model EM-60 


Hosiden America 
Corp. 
Elk Grove Village, 
IL 60007 
312-981-1144 
Model KUC2123 


25 n Speakers 
Panasonic Industrial 
Co. 
Seacaucus, 
N.J. 07094 
201-348-5233 
Model EAS-45P19S 


Telecom Transformers 
Microtran 
Co., Inc. 
Valley Stream, 
N.Y. 11528 
516-561-6050 
Various 
models - 
ask for 
catalog and Application 
Bulletin 
F232 


MURA Corp. 
Westbury, 
N.Y. 11590 
516-935-3640 
Model EC-983-7 


Stancor 
Products 
Logansport, 
IN 46947 
219-722-2244 
Various 
models - 
ask for 
catalog 


Onan Power/Electronics 
Minneapolis, 
MN 55437 
612-921-5600 
Model TC 38-6 


PREM Magnetics, 
Inc. 
McHenry, 
IL 60050 
815-385-2700 
Various 
models - 
ask 
for catalog 
Motorola 
Inc. does not endorse 
or warrant 
the 
suppliers 
referenced. 
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® MOTOROLA 


LOW POWER 
AUDIO 
AMPLIFIER 


The MC341 19 is a low power audio amplifier 
integrated 
circuit 
intended 
(primarilyl 
for 
telephone 
applications, 
such 
as in 
speakerphones. 
It provides 
differential 
speaker outputs to max- 


imize output 
swing at low supply voltages (2.0 volts minimuml. 
Coupling 
capacitors 
to the speaker are not required. 
Open loop 
gain is 80 dB, and the closed loop gain is set with two external 
resistors. 
A Chip Disable 
pin permits 
powering 
down 
and/or 
muting 
the input signal. The MC341 19 is available in a standard 
8-pin DIP or a surface mount 
package. 


• 
Wide Operating Supply Voltage Range (2-16 volts) - 
Allows 
Telephone Line Powered Applications 


• 
Low Quiescent Supply Current (2.7 mA Typical) for Battery 
Powered Applications 


• 
Chip Disable Input to Power Down the IC 


• 
Low Power-Down 
Quiescent Current (65 !-LATypical) 


• 
Drives a Wide Range of Speaker Loads (8-100 Ohms) 


• 
Output Power Exceeds 250 mW with 32 Ohm Speaker 


• 
Low Total Harmonic Distortion 
(0.5% Typical) 


• 
Gain Adjustable 
from <0 dB to >46 dB for Voice Band 


• 
Requires Few External Components 


P SUFFIX 
PLASTIC 
PACKAGE 


CASE 626-04 


D SUFFIX 
PLASTIC 
PACKAGE 
CASE 751-02 
50-8 
BLOCK DIAGRAM AND TYPICAL APPLICATION CIRCUIT 
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Differential 
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ORDERING 
INFORMATION 


MC34119P 
I Plastic 
DIP 


MC34119D 
I 508 Plastic 
DIP 


Parameter 
Value 
Units 


Supply 
Voltage 
-1.0to 
+18 
Vdc 


Maximum 
Output 
Current 
at VOl, 
V02 
±250 
mA 


Maximum 
Voltage 
@ Vin, FC1, FC2, CD 
-1.0, 
VCC+l.0 
Vdc 


Applied 
Output 
Voltage 
to VOl, 
V02 when 
disabled 
-1.0, 
VCC+l.0 
Vdc 


Junction 
Temperature 
-55, 
+140 
°c 


Parameter 
Symbol 
Min 
Typ 
Max 
Units 


Supply 
Voltage 
VCC 
+2.0 - 
+16 
Vdc 


Load Impedance 
AL 
8.0 
- 
100 
n 


Peak Load Current 
IL 
- 
- 
±200 
mA 


Differential 
Gain (5.0 kHz bandwidth) 
AVD 
0 
- 
46 
dB 


Voltage 
([L CD (Pin 11 
VCD 
0 
- 
VCC 
Vdc 


Ambient 
Temperature 
TA 
0 
- 
+ 70 
°c 


AC Input 
Resistance 
(@. Vin) 
ri 
- 
>30 
- 
Mn 


Open Loop Gain (Amplifier 
#1, f < 100 Hzl 
AVOL1 
80 
- 
- 
dB 


Closed Loop Gain (Amplifier 
#2) 
AV2 
-0.35 
0 
+0.35 
dB 
(VCC = 6.0 V, f = 1.0 kHz, AL = 32 m 


Gain 
Bandwidth 
Product 
GBW 
- 
1.5 
- 
MHz 


Output 
Power, VCC = 3.0 V, AL = 16 n, THD '" 10% 
Pout3 
55 
- 
- 
mW 


VCC = 6.0 V, AL = 32 n, THD '" 10% 
Pout6 
250 
- 
- 


VCC = 12 V, AL = 100 n, THD '" 10% 
Pout12 
400 
- 
- 


Total 
Harmonic 
Distortion 
(f = 1.0 kHz) 
THD 
% 


(VCC = 6.0 V, AL = 32 n, Pout 
= 125 mWI 
- 
0.5 
1.0 


(VCC '" 3.0 V, AL = 8.0 n, Pout 
= 20 mW) 
- 
0.5 
- 
(VCC'" 
12 V, AL = 32 n, Pout 
= 200 mW) 
- 
0.6 
- 


Power Supply 
Aejection 
(VCC = 6.0 V, ilVCC 
= 3.0 V) 
PSAA 
dB 


(Cl 
= x, C2 = 0.01 I'FI 
50 
- 
- 


(Cl 
= 0.1 I'F, C2 = 0, f = 1.0 kHzl 
- 
12 
- 


(Cl 
= 1.0 I'F, C2 = 5.0 I'F, f = 1.0 kHzl 
- 
52 
- 


Muting 
(VCC = 6.0 V, 1.0 kHz'" 
f '" 20 kHz, CD = 2.0 VI 
GMT 
- 
>70 
- 
dB 


Output 
DC Level @ VOl, 
V02, VCC = 3.0 V, AL = 16n 
VO(3) 
1.0 
1.15 
1.25 
Vdc 
(Af = 75 k) 
VCC = 6.0 V 
VO(6) 
- 
2.65 
- 


VCC=12V 
VO(121 
- 
5.65 
- 


Output 
High Level (lout 
- 
-75 
mA, 2.0 V'" 
VCC '" 16 V) 
VOH 
- 
VCC-l.0 
- 
Vdc 


Output 
Low Level (lout 
- 
75 mA, 2.0 V '" VCC '" 16 VI 
VOL 
- 
0.16 
- 
Vdc 


Output 
DC Offset Voltage 
(V01-V021 
ilVO 
-30 
0 
+30 
mV 
(VCC = 6.0 V, Af = 75 kn, AL = 32 m 


Input Bias Current 
@ Vin (VCC - 
6.0 VI 
liB 
- 
-100 
-200 
nA 


Equivalent 
Aesistance 
@ FCl (VCC = 6.0 VI 
AFCl 
100 
150 
220 
kn 


Equivalent 
Aesistance 
@ FC2 (VCC = 6.0 V) 
AFC2 
18 
25 
40 
kn 


CHIP DISABLE 
(Pin 1) 


Input Voltage 
- 
Low 


Input Voltage 
- 
High 


Input Aesistance 
(VCC = VCD = 16 VI 


POWER 
SUPPLY 


Power 
Supply 
Current 


(VCC = 3.0 V, RL = 
00, CD = 0.8 VI 
ICC3 
- 
2.7 
4.0 
mA 
(VCC = 16 V, AL = 
00, CD = 0.8 VI 
ICC16 
- 
3.3 
5.0 


(VCC = 3.0 V, RL = 
00, CD = 2.0 VI 
ICCD 
- 
65 
100 
!LA 


II 


II 


Symbol 
Pin 
Description 


CD 
1 
Chip Disable- 
Digital input. A Logic "0" «0.8 VI sets normal operation. A Logic "1" ("2.0 VI sets 
the power 
down 
mode. 
Input impedance 
is nominally 
90 kfi. 


FC2 
2 
A capacitor 
at this pin increases 
power 
supply 
rejection, 
and affects turn-on 
time. 
This pin can be left 
open 
if the capacitor 
at Fe1 is sufficient. 


FC1 
3 
Analog 
Ground 
for the amplifiers. 
A 1.0 JJ.Fcapacitor 
at this pin (with 
a 5.0 J.lF capacitor 
at Pin 21 
provides 
(typically) 
52 dB of power 
supply 
rejection. 
Turn-on 
time of the circuit is affected 
by the 


capacitor 
on this pin. This pin can be used as an alternate 
input. 


Vin 
4 
Amplifier 
input. The input capacitor 
and resistor 
set low frequency 
ralloff 
and input 
impedance. 
The 
feedback 
resistor 
is connected 
to this pin and VOL 


V01 
5 
Amplifier Output #1. The dc level is = (VCC- 0.7VI/2. 


VCC 
6 
DCsupply voltage 1+2.0to + 16volts) is applied to this pin. 


GND 
7 
Ground 
pin for the entire 
circuit. 


V02 
8 
Amplifier 
Output 
#2. 
This signal 
is equal 
in amplitude, 
but 1800 out of phase with that at V01. 
The dc 
level is = IVcc - 0.7VI/2. 


Function 
Typical Change 
Units 


Input 
Bias Current 
(@ Vin) 
:""40 
pArC 


Total 
Harmonic 
Distortion 
+0.003 
"Iorc 


IVcc ~ 6.0V, RL = 32 fl, Pout = 125mW, f = 1.0kHz) 


Power 
Supply 
Current 
pAf'C 
IVcc ~ 3.0V, RL ~ x, CD ~ 0 VI 
-2.5 
(VCC= 3.0V, RL ~ x, CD ~ 2.0VI 
-0.03 


GENERAL 
The MC34119 is a low power audio amplifier capable 
of low voltage operation IVCC ~ 2.0 V minimum) 
such 
as that encountered 
in line-powered 
speakerphones. 


The circuit provides a differential 
output (V01-V02) 
to 
the speaker to maximize the available voltage swing at 
low voltages. The differential 
gain is set by two external 
resistors. Pins FC1and FC2allow controlling 
the amount 
of power supply and noise rejection, as well as provid- 
ing alternate inputs to the amplifiers. The CD pin permits 
powering down the IC for muting purposes and to con- 
serve power. 


AMPLIFIERS 
Referring to the block diagram, 
the internal 
config- 
uration 
consists 
of two 
identical 
operational 
ampli- 
fiers. Amplifier 
#1 has an open-loop 
gain of "'80 dB 
(at f '" 
100 Hz), and the closed 
loop gain 
is set by 
external resistors Rf and Ri. The amplifier 
is unity gain 
stable, 
and has a unity 
gain frequency 
of approxi- 
mately 1.5 MHz. In order to adequately 
cover the tele- 


phone voice band (300-3400 
Hz), a maximum 
closed 
loop gain of 46 dB is recommended. 
Amplifier 
#2 is 
internally 
set to a gain of -1.0 
(0 dB). 


The outputs of both amplifiers are capable of sourcing 
and sinking a peak current of 200 mA. The outputs can 
typically 
swing to within 
=0.4 volts above ground, and 
to within 
=1.3 volts below VCC, at the maximum 
cur- 
rent. See Figures 18 and 19 for VOH and VOL curves. 


The output dc offset voltage (V01-V02) 
is primarily 
a function of the feedback resistor (Rf), and secondarily 
due to the amplifiers' 
input offset voltages. The input 
offset voltage 
of the two amplifiers 
will generally 
be 


similar for a particular 
IC, and therefore 
nearly cancel 
each other at the outputs. Amplifier 
#1's bias current, 
however, flows out of Vin (Pin 4) and through Rf, forcing 
V01 to shift negative by an amount equal to IRf x IIBI. 
V02 is shifted 
positive 
an equal amount. 
The output 
offset voltage specified in the Electrical Characteristics 
is measured with the feedback resistor shown 
in the 
Typical 
Application 
Circuit, 
and therefore 
takes into 
account the bias current as well as internal offset volt- 
ages of the amplifiers. The bias current is constant with 
respect to VCC. 


FC1 and FC2 
Power supply rejection is provided by the capacitors 


(C1 and C2 in the Typical Application 
Circuit) at FC1and 
FC2.C2 is somewhat dominant at low frequencies, while 
C1 is dominant 
at high frequencies, 
as shown 
in the 
graphs of Figures 4-7. The required values of C1 and 
C2 depend on the conditions 
of each application. A line 
powered speakerphone, for example, will require more 
filtering 
than 
a circuit 
powered 
by a well 
regulated 
power supply. The amount of rejection is a function 
of 
the capacitors, and the equivalent 
impedance 
looking 
into FC1 and FC2 (listed in the Electrical Characteristics 
as RFC1 and RFC2)· 
In addition 
to providing 
filtering, 
C1 and C2 also 
affect the turn-on time of the circuit at power-up, 
since 
the two capacitors 
must charge up through 
the inter- 


nal 50 k and 125 kfl resistors. 
The graph of Figure 1 
indicates the turn-on 
time upon application 
of VCC of 


+ 6.0 volts. The turn-on 
time is =60% longer for VCC 
= 3.0 volts, and =20% less for VCC = 9.0 volts. Turn- 
off time is <10 
/LS upon removal 
of VCC. 


-- 
-- 
l.-- 


V 


Cl ~ 5.01'F /' 
/ 
V 
/' 
-V 
-- 
- 


"" 
Cl ~ 
1.01'F 


Vec switchingfrom- 
o to + 6.0 volts. 
- 
I 
I 
I 
I 


CHIP DISABLE 
The Chip Disable (Pin 1) can be used to power down 
the IC to conserve power, or for muting, or both. When 
at a Logic "0" 
(0 to 0.8 volts). the MC34119 is enabled 
for normal operation. 
When Pin 1 is at a Logic "1" (2.0 
to VCC volts), the IC is disabled. If Pin 1 is open, that is 
equivalent to a Logic "0," although good design practice 
dictates that an input should never be left open. Input 
impedance at Pin 1 is a nominal 90 k.n. The power sup- 
ply current (when disabled) is shown in Figure 15. 


Muting, 
defined 
as the change 
in differential 
gain 
from normal operation to muted operation, 
is in excess 
of 70 dB. The turn-off 
time of the audio output, 
from 
the application 
of the CD signal, is <2.0 I'S, and turn 
on-time is 12-15 ms. Both times are independent 
of Cl, 


C2, and VCC. 


When the MC34119 is disabled, the voltages 
at FCl 


and FC2 do not change as they are powered from VCC' 
The outputs, VOl and V02, change to a high impedance 
condition, 
removing the signal from the speaker. If sig- 


nals from other sources are to be applied to the outputs 
(while disabled). they must be within the range of VCC 
and Ground. 


POWER DISSIPATION 
Figures 8-10 
indicate the device dissipation 
(within 
the IC) for various 
combinations 
of VCC, RL' and load 


power. The maximum 
power which can safely be dis- 
sipated within the MC34119 is found from the following 
equation: 


Po = (140°C - 
TA)/OJA 


where TA is the ambient temperature; 
and 0JA is the package thermal resistance (100°CIW for 
the standard DIP package, and 180'CIW for the surface 
mount package.) 


The power dissipated within the MC34119, in a given 
application, 
is found from the following 
equation: 


Po = (VCC x Icel 
+ (IRMS x Vcel 
- 
(RL x IRMS2) 


where ICC is obtained from Figure 15; 
and IRMS is the RMS current at the load; 
and RL is the load resistance. 


Figures 8-10, 
along with 
Figures 
11-13 (distortion 
curves), and a peak working 
load current of ± 200 mA, 


define the operating 
range for the MC34119. The oper- 


ating range is further defined in terms of allowable load 
power in Figure 14 for loads of 8.0 .n, 16 .n, and 32 .n. 
The left (ascending) portion of each of the three curves 
is defined 
by the power level at which 
10% distortion 
occurs. The center flat portion 
of each curve is defined 
by the 
maximum 
output 
current 
capability 
of the 
MC34119. The right (descending) portion of each curve 
is defined by the maximum 
internal power dissipation 
of the IC at 25°C. At higher ambient temperatures, 
the 
maximum 
load power must be reduced according 
to 
the above equations. 
Operating the device beyond the 
current 
and junction 
temperature 
limits 
will 
degrade 
long term reliability. 


LAYOUT CONSIDERATIONS 


Normally a snubber is not needed at the output of the 
MC34119, unlike many other audio amplifiers. However, 
the PCboard layout, stray capacitances, and the manner 
in which the speaker wires are configured, 
may dictate 
otherwise. 
Generally 
the 
speaker 
wires 
should 
be 
twisted 
tightly, 
and be not more than a few inches in 
length. 


TYPICAL 
CHARACTERISTICS 


FIGURE 
3 - 
DIFFERENTIAL 
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versus 
FREQUENCY 
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FIGURE 
18 - 
VCC-VOH 
@ VOl, 
V02 
versus 
LOAD CURRENT 
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FIGURE 
19 - 
VOL @ VOl, 
V02 
versus 
LOAD CURRENT 
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FIGURE 
24 - 
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FIGURE 
26 - 
SPLIT SUPPLY 
OPERATION 
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@ MOTOROLA 


The MC341 20 
is designed 
to provide 
the interface 
from 
the 
4-wire 
side of a central office, or PBX, to the two wire subscriber 
line. Interface functions 
include battery feed, loop termination 
AC 
impedance, 
hook switch 
detection, 
adjustable 
transmit, 
receiver 
and transhybrid gains, and adjustable loop current limit. Additionally, 
the 
MC34120 
provides 
a minimum 
of 58 
dB of longitudinal 


balance. 


The 
transmit 
and 
receive 
signals 
are referenced 
to 
analog 
ground, 
easing 
the 
interface 
to codecs, 
filters, 
etc. The 
Hook 
Status output can be connected 
directly to TIL or CMOS circuitry. 
A Power Down 
input (TIL 
and CMOS compatible) 
permits 
local 


control 
of the circuit. 


Internal drivers allow the external loop current 
pass transistors 
to be standard 
bipolar transistors 
(non-Darlington). 
The MC34120wili 
be available in both a 20 pin DIPanda 
20 pin 
surface 
mount 
(SOIC) package. 


• 
58 dB longitudinal 
balance (minimum). 


• 
Transmit, 
receive, and trans hybrid gains externally 
adjustable. 
• 
Proper hook switch detection with 
30k n leakage to ground. 


• 
Adjustable 
current 
limit. 


• 
Critical sense resistors 
included 
internally. 


• 
Standard 
power 
supplies: 
48 volts, and +5 
volts, ± 10%. 


• 
Internal drivers for external 
pass transistors. 
• 
Power down 
input. 


• 
Available 
in 20 pin DIP and 20 pin SOIC plastic packages. 


• 
Operating 
ambient 
temperature: 
0 to + 70°C. 


SUBSCRIBER 
LOOP 
INTERFACE CIRCUIT 
(SLlC) 


THIN 
FILM 
SILICON 
MONOLITHIC 
INTEGRATED CIRCUIT 


PSUFFIX 
PLASTIC PACKAGE 
CASE 738-02 
2.- 


DWSUFFIX 


PLASTIC PACKAGE 


CASE 751 D-02 


This data sheet 
contains 
preliminary 
information 
and design 
objectives. 
All 


specifications 
are subject 
to change 
without 
notice. 
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@ MOTOROLA 


The MC34129series are high performance current mode switch- 
ing regulators specifically designed for use in low power digital 
telephone applications. These integrated circuits feature a unique 
internal fault timer that provides automatic restart for overload 
recovery. For enhanced system efficiency, a start/run comparator 
is included to implement bootstrapped operation of VCC. Other 
functions contained are a temperature 
compensated refer~nce. 


reference amplifier, fully accessible error amplifier, sawtooth os- 
cillator with sync input, pulse width modulator comparator, and 
a high current totem pole driver ideally suited for driving a power 
MOSFET. 


Also included are protective features consisting of soft-start, 
undervoltage lockout, cycle-by-cycle current limiting, adjustable 
dead time, and a latch for single pulse metering. 


Although these devices are primarily intended for use in digital 
telephone systems, they can be used cost effectively in many 
other applications. 


• Current Mode Operation to 300 kHz 


• Automatic Feed Forward Compensation 


• 
Latching PWM for Cycle-By-Cycle Current Limiting 


• Continuous Retry after Fault Timeout 


• Soft-Start with Maximum PeakSwitch Current Clamp 


• Internally Trimmed 2% Bandgap Reference 


• High Current Totem Pole Driver 


• 
Input Undervoltage Lockout 


• 
Low Start-Up and Operating Current 


• 
Direct Interface with Motorola SENSEFETProducts 


Non-Inverting 


Input 


Inverting 


Input 


Feedback! 


1 
PWM Input 
Drive 
Out 


MC34129 
MC33129 


HIGH PERFORMANCE 
CURRENT MODE CONTROLLER 


P SUFFIX 
PLASTIC 
PACKAGE 
CASE 646-06 


o SUFFIX 
PLASTIC 
PACKAGE 
CASE 751A-01 
50-14 


Ramp 
Input 
3 


Syncll~~~b~~ 
4 


Temperature 
Device 
Range 
Peckege 


MC34129D 
o to +70°C 
50-14 
Plastic 
DIP 


MC34129P 
o to + lO°C 
Plastic 
DIP 


MC33129D 
-40 
to 
+85°C 
50-14 
Plastic 
DIP 


MC33129P 
-40 
to 
+85°C 
Plastic 
DIP 


Rating 
Symbol 
Value 
Unit 


VCC Zener Current 
IZ(VCC) 
50 
mA 


Start/Run 
Output 
Zener Current 
IZ(StartiRunl 
50 
mA 


Analog 
Inputs 
(Pins 3, 5, 9,10, 
II, 
121 
- 
- 0.3 to 5.5 
V 


Sync Input Voltage 
Vsvnc 
-0.3 
to VCC 
V 


Drive Output 
Current. 
Source or Sink 
IDRV 
1.0 
A 


Current, 
Reference 
Outputs 
(pins 6. 8) 
Iref 
20 
mA 


Power Dissipation 
and Thermal 
Characteristics 


D Suffix 
Package 
50-14 
Case 751A-Ol 
Maximum 
Power Dissipation 
(If TA = 70"C 
PD 
552 
mW 


Thermal 
Resistance Junction 
to Air 
ROJA 
145 
·CIW 


P Suffix Package Case 646-06 
Maximum 
Power Dissipation 
(tf 
TA = 70"C 
PD 
800 
mW 


Thermal 
Resistance Junction 
to Air 
ROJA 
100 
·CIW 


Operating 
Junction 
Temperature 
TJ 
+150 
·C 


Operating 
Ambient 
Temperature 
TA 
·C 


MC34129 
o to + 70 


MC33129 
-40to 
+85 


Storage 
Temperature 
Range 
Tstn 
-65 
to 
+ 150 
·C 


Reference 
Output 
Voltage, 
TA = 25"C 
Vref 
V 


1.25 V Ref., IL - 
0 mA 
1.225 
1.250 
1.275 


2.50 V Ref., IL = 1.0 mA 
2.375 
2.500 
2.625 


Reference 
Output Voltage, 
TA = Tlow to Thigh 
Vref 
V 
1.25 V Ref., IL = 0 mA 
1.200 
- 
1.300 


250 
V Ref" 
IL ~ 
1.0 mA 
2.250 
- 
2.750 


Line Regulation 
(VCC 
= 4.0 V to 12 V) 
Regline 
mV 


1.25 V Ref., IL = 0 mA 
- 
2.0 
12 


2.50 V Ref., IL = 1.0 mA 
- 
10 
50 


Load Regulation 
Regload 
mV 
1.25 V Ref., IL = 
-10 
to 
+500 
"A 
- 
1.0 
12 


2.50 V Ref" 
IL = 
- 0.1 to + 1.0 mA 
- 
3.0 
25 


Input Offset Voltage 
(Vin 
= 1.25 V) 
VIO 
mV 


TA 
= 25·C 
- 
1.5 
- 


TA 
= Tlow 
to Thioh 
- 
- 
10 


Input Offset Current 
(Vin = 
1.25 VI 
110 
- 
10 
- 
nA 


Input Bias Current 
(Vin 
= 1.25 VI 
liB 
nA 
TA 
= 25·C 
- 
25 
- 


TA 
= Tlow 
to Thiah 
- 
- 
200 


Input Common-Mode 
Voltage 
Range 
VICR 
- 
0.5 to 5.5 
- 
V 


Open· Loop Voltage 
Gain (VO 
= 
1.25 VI 
AVOL 
65 
87 
- 
dB 


Gain Bandwidth 
Product (VO 
= 1.25 V, f = 
100 kHzl 
GBW 
500 
750 
- 
kHz 


Power Supply Rejection 
Ratio (VCC = 5.0 to 10 VI 
PSRR 
65 
85 
- 
dB 


Output 
Source Current 
(VO = 1.5 VI 
ISource 
40 
80 
- 
"A 


Output 
Voltage 
Swing 
V 


High State (lSource 
= 0 itA) 
VOH 
1.75 
1.96 
2.25 
Low State (ISink 
= 500 "AI 
VOL 
- 
0.1 
0.15 


•• 


ELECTRICAL 
CHARACTERISTICS 
(VCC ~ 
10 V, TA 
~ 25°C [Note 
11 unless 
otherwise 
notedl 


Characteristic 
I 
Symbol 
[ 
Min 
I 
Typ 


Input 
Offset 
Voltage 
(Vin 
~ 
1.25 VI 
VIO 
150 
275 
400 
mV 


Input Bias Current 
liB 
- 
-120 
-250 
I'A 


Propagation 
Delay, Ramp Input to Drive Output 
tpLHIlN/DRVI 
- 
250 
- 
ns 


Capacitor 
Charge Current (Pin 12 = 0 V) 
Icho 
0.75 
1.2 
1.50 
I'A 


Buffer 
Input 
Offset 
Voltage 
(Vin 
~ 
1.25 VI 
VIO 
- 
15 
40 
mV 


Buffer 
Output 
Voltage 
IISink 
~ 
lOOI'AI 
VOL 
- 
0.15 
0.225 
V 


Restart Delay Time 


STARTIRUN COMPARATOR 


Threshold 
Voltage 
(Pin 121 
Vth 
- 
2.0 
- 
V 


Threshold 
Hysteresis Voltage 
(Pin 12) 
VH 
- 
350 
- 
mV 


Output 
Voltage 
IISink 
= 500 I'AI 
VOL 
9.0 
10 
10.3 
V 


Output 
Off· State Leakage 
Current 
IVOH = 15 VI 
IS/RIleakl 
- 
0.4 
2.0 
I'A 


Output 
Zener 
Voltage 
IIZ ~ 
10 mAl 
Vz 
- 
(VCC + 7.61 
- 
V 


Frequency 
IRT ~ 25.5 kO, CT ~ 390 pFI 
fOSC 
80 
100 
120 
kHz 


Capacitor 
CT Discharge 
Current 
(Pin 5 = 1.2 VI 
Idischo 
240 
350 
460 
I'A 


Sync Input Current 
I'A 


High 
State 
IVin 
~ 2.0 VI 
IIH 
- 
40 
125 


Low 
State (Vin 
~ 0.8 VI 
IlL 
- 
15 
35 


Sync Input Resistance 
Rin 
12.5 
32 
50 
kll 


Output 
Voltage 
V 


High 
State IISource 
= 200 mAl 
VOH 
8.3 
8.9 
- 


Low 
State IISink 
~ 200 mAl 
VOL 
- 
1.4 
1.8 


Low State Holding 
Current 
IH 
- 
225 
- 
I'A 


Output 
Voltage 
Rise Time 
(CL ~ 500 pFI 
tr 
- 
100 
- 
ns 


Output 
Voltage 
Fall Time 
(CL ~ 500 pFI 
tf 
- 
30 
- 
ns 


Output 
Pull-Down 
Resistance 
RpD 
100 
225 
350 
kll 


UNDERVOLTAGE LOCKOUT 


Start-Up 
Threshold 


Hysteresis 


Power Supply Current 


RT ~ 25.5 kO, CT ~ 390 pF, CL ~ 500 pF 


Power 
Supply 
Zener 
Voltage 
IIZ ~ 
10 mAl 


Note 
1. Tlow 
= O°C for MC34129 
Thigh 
= + 70°C for MC34129 


= 
-40"C 
for MC33129 
+850(; 
for MC33129 
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Pin No. 
Function 
Description 


1 
Drive Output 
This output directly drives the gate of a power MOSFET.Peak cur- 
rents up to 1.0 A are sourced and sinked by this pin. 


2 
Drive Ground 
This pin is a separate power ground return that is connected back 
to the power source. It is used to reduce the effects of switching 
transient noise on the control circuitry. 


3 
Ramp Input 
A voltage proportional to the inductor current is connected to this 
input. The PWM uses this information to terminate output switch 
conduc~ion. 


4 
Sync/Inhibit Input 
A rectangular waveform applied to this input will synchronize the 
Oscillator and limit the maximum Drive Output duty cycle. A dc 
voltage within the range of 2.0 V to VCC will inhibit the controller. 


5 
RT/CT 
The free-running Oscillator frequency and maximum Drive Output 
duty cycle are programmed by connecting resistor RT to Vref 2.5 V 
and capacitor CT to Ground. Operation to 300 kHz is possible. 


6 
Vref 2.50 V 
This output is derived from Vref 1.25 V. It provides charging current 
for capacitor CT through resistor RT. 


7 
Ground 
This pin is the control circuitry ground return and is connected 
back to the source ground. 


8 
Vref 1.25 V 
This output furnishes a voltage reference for the Error Amplifier 
Non-Inverting Input. 


9 
Error Amp Non-Inverting Input 
This is the non-inverting input of the Error Amplifier. It is normally 
connected to the 1.25V reference. 


10 
Error Amp Inverting Input 
This is the inverting input of the Error Amplifier. It is normally con- 
nected to the switching power supply output through a resistor 
divider. 


11 
Feedback/PWM Input 
This pin is available for loop compensation. It is connected to the 
Error Amplifier and Soft-Start Buffer outputs, and the Pulse Width 
Modulator input. 


12 
CSoft-Start 
A capacitor CSoft-Start is connected from this pin to Ground for a 
controlled ramp-up of peak inductor current during start-up. 


13 
Start/Run Output 
This output controls the state of an external bootstrap transistor. 
During the start mode, operating bias is supplied by the transistor 
from Vin' In the run mode, the transistor is switched off and bias is 
supplied by an auxiliary power transformer winding. 


14 
VCC 
This pin is the positive supply of the control IC.The controller is 
functional over a minimum VCC range of 4.2 V to 12 V. 


The MC34129 series are high performance 
current 
mode switching 
regulator 
controllers 
specifically 
de- 
signed for use in low power telecommunication 
appli- 


cations. Implementation 
will allow remote digital tele- 


phones and terminals to shed their power cords and 
derive operating 
power directly from the twisted 
pair 
used for data transmission. Although these devices are 
primarily intended for use in digital telephone systems, 
they can be used cost effectively 
in a wide range of 
converter applications. A representative block diagram 
is shown in Figure 18. 


OSCILLATOR 
The oscillator frequency is programmed by the values 
selected for the timing components RT and CT. Capac- 
itor CT is charged from the 2.5 V reference through 
resistor RT to approximately 
1.25 V and discharged by 
an internal current sink to ground. During the discharge 
of CT,the oscillator generates an internal blanking pulse 
that holds the lower input of the NOR gate high. This 
causes the Drive Output to be in a low state, thus pro- 
ducing a controlled amount of output deadtime. Figure 
1 shows Oscillator Frequency versus RT and Figure 2, 
Output Deadtime versus Frequency, both for given val- 
ues of CT. Note that many values of RT and CT will give 
the same oscillator frequency but only one combination 
will 
yield a specific output 
deadtime 
at a given fre- 
quency. In many noise sensitive applications it may be 
desirable to frequency-lock one or more switching reg- 
ulators to an external system clock. This can be accom- 
plished by applying the clock signal to the Sync/lnhibit 
Input. For reliable locking, the free-running 
oscillator 
frequency should be about 10% less than the clock fre- 
quency. Referring to the timing diagram shown in Fig- 
ure 19, the rising edge of the clock signal applied to the 
Sync/Inhibit Input, terminates charging of CT and Drive 
Output conduction. By tailoring the clock waveform, ac- 
curate duty cycle clamping of the Drive Output can be 
achieved. A circuit method is shown in Figure 20. The 
Sync/Inhibit 
Input may also be used as a means for 
system shutdown by applying a dc voltage that is within 
the range of 2.0 V to VCC. 


PWM COMPARATOR AND LATCH 
The MC34129 operates as a current mode controller 
whereby output switch conduction 
is initiated 
by the 
oscillator and terminated when the peak inductor cur- 
rent reaches a threshold level established by the output 
of the Error Amp or Soft-Start Buffer (Pin 11). Thus the 
error signal controls 
the peak inductor 
current on a 
cycle-by-cycle basis. The PWM Comparator-Latch con- 
figuration used, ensures that only a single pulse appears 
at the Drive Output during any given oscillator cycle. 
The inductor current is converted to a voltage by in- 
serting the ground-referenced 
resistor RS in series with 
the source of output switch Ql. The Ramp Input adds 
an offset of 275 mV to this voltage to guarantee that no 
pulses appear at the Drive Output when Pin 11 is at its 


lowest state. This occurs at the beginning of the soft- 
start interval or when the power supply is operating 
and the load is removed. The peak inductor current un- 
der normal operating conditions 
is controlled 
by the 
voltage at Pin 11 where: 


VIPin 11) - 
0.275 V 
lpk 
= 
RS 


Abnormal operating conditions occur when the power 
supply output is overloaded or if output voltage sensing 
is lost. Under these conditions, 
the voltage at Pin 11 
will be internally clamped to 1.95 V by the output of the 
Soft-Start Buffer. Therefore the maximum peak switch 
current is: 


1.95 V - 
0275 


RS 


1.675 V 


RS 


When designing 
a high power switching 
regulator 
it 
becomes desirable to 'educe the internal clamp voltage 
in order to keep the power dissipation of RS to a rea- 
sonable level. A simple method which adjusts this volt- 
age in discrete increments is shown in Figure 22. This 
method is possible because the Ramp Input bias current 
is always negative (typically 
- 120 !LA). A positive tem- 


perature coefficient equal to that of the diode string will 
be exhibited by Ipklmax)' An adjustable method that is 
more precise and temperature stable is shown in Figure 
23. Erratic operatiqn due to noise pickup can result if 
there is an excessive reduction of the clamp voltage. In 
this situation, high frequency circuit layout techniques 
are imperative. 
A narrow spike on the leading edge of the current 
waveform can usually be observed and may cause the 
power supply to exhibit an instability when the output 
is lightly loaded. This spike is due to the power trans- 
former interwinding 
capacitance and output rectifier re· 


covery time. The addition of an RC filter on the Ramp 
Input with a time constant that approximates the spike 
duration will usually eliminate the instability: 
refer to 
Figure 25. 


ERRORAMP AND SOFT-START BUFFER 
A fully-compensated 
Error Amplifier 
with access to 
both inputs and output is provided for maximum design 
flexibility. 
The Error Amplifier 
output is common with 
that of the Soft-Start Buffer. These outputs are open- 
collector Isink only) and are ORed together at the in- 
verting input of the PWM Comparator. With this config- 
uration, the amplifier that demands lower peak inductor 
current dominates control of the loop. Soft-start is man- 
datory 
for 
stable start-up 
when 
power 
is provided 
through 
a high source impedance 
such as the long 
twisted pair used in telecommunications. 
It effectively 
removes the load from 
the output 
of the switching 
power supply upon initial start-up. The Soft-Start Buffer 
is configured 
as a unity gain follower 
with the non- 


inverting input connected to Pin 12. An internal 1.0 !LA 


II 


9 
Non-Inverting 
lnput 


10 Inverting 
Input 
FeedbackJPWM 
'1 
Input 


~ 
_ 
SmkOnty 


~ 
- 
Positive 
True 
Logic 


FeedbacklPWM Input" 


Ramp Input...., 


20V~----- 
----~lJ 


current source charges the soft-start capacitor (CSoft- 
Start) to an internally clamped level of 1.95 V. The rate 
of change of peak inductor current, during start-up, is 
programmed by the capacitor value selected. Either the 
Fault Timer or the Undervoltage Lockout can discharge 
the soft-start capacitor. 


FAULT TIMER 


This 
unique 
circuit 
prevents 
sustained 
operation 
in a 
lockout condition. 
This can occur with conventional 
switching control Ie's when operating from a power 
source with a high series impedance. If the power re- 
quired by the load is greater than that available from 
the source, the input voltage will collapse, causing the 
lockout condition. The Fault Timer provides automatic 
recovery when this condition is detected. Under normal 
operating conditions, the output of the PWM Compar- 
ator will reset the Latch and discharge the internal Fault 
Timer capacitor on a cycle-by-cycle basis. Under op- 
erating conditions where the required power into the 
load is greater than that available from the source (Vin), 
the Ramp Input voltage (plus offset) will not reach the 
comparator threshold level (Pin 11). and the output of 
the PWM Comparator will remain low. If this condition 
persists for more than 600 !J.S, the Fault Timer will ac- 
tivate, discharging CSoft-Start and initiating a soft-start 
cycle. The power supply will operate in a skip cycle or 
hiccup mode until either the load power or source 
impedance is reduced. The minimum 
fault timeout is 
200 
!J.S, which limits the useful switching frequency to 
a minimum of 5.0 kHz. 


START/RUN 
COMPARATOR 
A bootstrap start-up circuit is included to improve 
system efficiency when operating from a high input 
voltage. The output of the Start/Run Comparator con- 
trols the state of an external transistor. A typical appli- 
cation is shown in Figure 21.While CSoft-Start is charg- 
ing, start-up bias is supplied to VCC (Pin 14) from Vin 
through transistor Q2. When CSoft-Start reaches the 
1.95 V clamp level, the Start-Run output switches low 
(VCC - 
50 mVI. turning off Q2. Operating bias is now 
derived from the auxiliary bootstrap winding of the 


transformer, 
and 
all drive 
power 
is efficiently 
converted 
down from Vin' The start time must be long enough for 
the power supply output to reach regulation. This will 
ensure that there is sufficient bias voltage at the aux- 
iliary bootstrap winding for sustained operation. 


1.95V CSoft-Start 
. 
tStart = 
1.0 !J.A 
- 
1.95 CSoft-Start In !J.F 


The output off-state is clamped to VCC + 7.6 V by the 
internal zener and PNPtransistor base-emitter junction. 


DRIVE OUTPUT 
AND 
DRIVE GROUND 
The MC34129 contains a single totem-pole output 
stage that was specifically designed for direct drive of 
power MOSFETs. It is capable of up to 
:t 1.0 A peak 
drive current and has a typical fall time of 30 ns with a 
500 pF load. The totem-pole stage consists of an NPN 
transistor for turn-on drive and a high speed SCR for 
turn-off. The SCRdesign requires less average supply 
current IIcci when compared to conventional switching 
control Ie's that use an all NPN totem-pole. The SCR 
accomplishes this during turn-off of the MOSFET, by 
utilizing 
the gate charge as regenerative 
on-bias, 


whereas 
the 
conventional 
all transistor 
design 
requires 


continuous 
base 
current. 
Conversion 
efficiency 
in low 
power applications is greatly enhanced with this re- 
duction of ICe-The SCR'shw-state holding current IIH) 
is typically 225!J.A.An internal 225kll pull-down resistor 
is included to shunt the Drive Output off-state leakage 
to ground when the Undervoltage Lockout is active. A 
separate Drive Ground is provided to reduce the effects 
of switching transient noise imposed on the Ramp In- 
put. This feature becomes particularly useful when the 
Ipk(max) clamp level is reduced. Figure 24 shows the 
proper implementation of the MC34129with a current 
sensing power MOSFET. 


UNDERVOLTAGElOCKOUT 
The Undervoltage 
Lockout comparator 
holds the 


Drive Output and CSoft-Start pins in the low state when 
VCC is less than 3.6 V. This ensures that the MC34129 
is fully functional before the output stage is enabled 
and a soft-start cycle begins. A built-in hysteresis of 350 
mV prevents erratic output behavior as VCCcrossesthe 
comparator threshold voltage. A 14.3 V zener is con- 
nected as a shunt regulator from VCC to ground. Its 
purpose is to protect the MOSFETgate from excessive 
drive voltage during system start-up. An external 9.1 V 
zener is required when driving low threshold MOSFETs. 
Refer to Figure 21. The minimum 
operating voltage 
range of the IC is 4.2 V to 12 V. 


REFERENCES 
The 1.25 V bandgap reference is trimmed to :t 2.0% 


tolerance at TA = 25"C. It is intended to be used in 
conjunction with the Error Amp. The 2.50 V reference 
is derived from the 1.25 V reference by an internal op 
amp with a fixed gain of 2.0. It has an output tolerance 
of :t 5.0% at TA ~ 25"C and its primary purpose is to 
supply 
charging 
current 
to the oscillator 
timing 
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Bobbin 
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Toot 
Conditions 
_Ita 


Line Regulation 
5 V 
Vin 
"" 2OVto40V,loutSV. 
12SmA,lout 
-SV 
= 20mA 
11 "" 
1.OmV 


Load Regulation 
5 V 
Vin 
"" JOV,lout 
5 V - 
0 mAto 
150 mA,lout 
-5 
V = 20 mA 
11 "" 2.0 mV 


Output 
Ripple 
5 V 
Vin 
- aov, 'out 
5V 
"" 125 mA, 
lout 
-5~ 
= 20mA 
150 mVp-p 


Efficiency 
Vin 
•• 30 V, IOllt 5 V "" 125 mA. 
lout 
-5 
V "" 20 mA 
77% 
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Tnt 
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-~. 
line 
Regulation 
Vin 
= 8 V to 12 V. lout 
600 mA 
.1 "" 1 mV 


load 
Regulation 
Vin 
= 
12 V. lout 
= 
100 mA 
to 600 mA 
.1 = amV 


Output 
Ripple 
Vin 
"" 12 V, 'out"" 
600 mA 
20 mVp-p 


Efficiency 
Vin 
"" 12 V. lout"'" 
600 mA 
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~ 
MOTOROLA 
IVIl;t)~bU~ 
Technical 
Summary 


The MC68605 
X.25 Protocol 
Controller 
(XPC) is an intelligent 
HCMOS 
communications 
protocol 
controller 
that implements 
the 1984 International 
Telegraph 
and Telephone 
Consultative 
Committee 
(CCln) 
X.25 Recom- 


mendation, 
data link access procedure 
(LAPB). It supports 
full duplex 


point-to-point 
serial 
communication 
at up to 10 megabits 
per second 
(MBPS) 
and relieves 
the host processor 
of managing 
the communications 


link by providing 
sequencing 
using 
HDLC framing, 
error 
control, 
retrans- 


mission 
based upon 
a cyclic 
redundancy 
check (CRC). and flow 
control 
us- 


ing the receive 
not ready supervisory 
frame. 
The XPC directly 
supports 
the 


physical 
level interfaces 
(Recommendation 
X.21 physical 
level, X.21 bis, 


and V-series) 
and also provides 
and efficient 
interface 
to the packet 
level 
for information 
and control 
exchange. 
Key features 
of the XPC include: 


• 
Fully Implements 
X.25 Recommendation 
LAPB Procedure 
by Inde- 


pendently 
Generating 
Link Level Commands 
and Responses 


• 
Optional 
Transparent 
Operation 
(Monitor 
Model 
where 
XPC Pro- 


vides 
HDLC/SDLC 
Framing 
Functions 
for User Generated 
Frames 


• 
Performs 
DMA Transfer 
of Information 
Frames To and From Mem- 


ory Using 
Two On-Chip 
22-Byte 
FIFOs 


• 
Primary 
Communication 
Through 
Shared 
Memory 
Structures 
with 
a 
Powerful 
Command 
Set to Off-Load 
Data Link Management 


• 
Flexible 
RxlTx 
Linked 
Memory 
Structures 
Minimize 
Host Intervention 
and Simplify 
Memory 
Management 


• 
Basic (Modulo 
8) and Extended 
(Modulo 
128) Operation 


• 
Automatic 
Comparison 
of the Programmable 
Local and Remote 
Ad- 


dresses 


RC SUFFIX 
PIN GRID ARRAY 
184 PIN) 
CASE 793 


• 
Detection 
of Programmable 
Timeout 
and Retries 


Limit 
Conditions 
0 
0 
0 
0 
0 
0 
0 
0 
0 
0 


• 
16- or 32-Bit CRC Generation 
and Checking 
hO 
GNO GNO AJ 
A6 
A8 
AID 
AI2 
AI4 
A16 
0 
0 
0 
0 
0 
0 
0 
0 
0 
0 
• 
Standard 
Modem 
Interface 
CO 
RCLK GNO A2 
A5 
A9 
AIJ 
AI5 
AI7 
A20 
• 
NRZ or NRZI Encoding/Decoding 
0 
0 
0 
0 
0 
0 
0 
0 
0 
0 


• 
Vectored 
Interrupts 
and Status 
Reporting 
CTS RID TCLK Al 
A4 
A7 
All 
A18 
AI9 
A21 


• 
Built-In 
Diagnostics 
Provide 
Local Loopback 
and Ex- 
0 
0 
0 
0 
0 
0 
8ECI 8EC2 RTS 
A22 
A2J 
A24 
ternal 
Loopback 
Testing 
0 
0 
0 
0 
0 
0 
• 
Up to 10 Mbps 
Synchronous 
Serial 
Data Rate 
CLK 8ECD GNO 
BOITOM 
voo 
A25 
A26 


• 
12.5 and 10 MHz System 
Clock Versions 
0 
0 
0 
VIEW 
0 
0 
0 


• 
8- and 16-Bit Data Bus Support 
BR 
BG 
GNO 
A27 
A29 
A2B 


• 
32-Bit Address 
Bus with 
Virtual 
Address 
Capability 
0 
0 
0 
0 
0 
0 
BGACKlACK VOO 
GNO GNO AJO 
• 
M68000 
Family 
Asynchronous 
Bus Structure 
0 
0 
0 
0 
0 
0 
0 
0 
0 
0 
• 
Programmable 
Byte Ordering 
of Data for Alternate 
iiUi DTACKGNO 00 
06 
09 
012 
CS 
FC1 AJI 


Memory 
Organization 
Schemes 
0 
0 
0 
0 
0 
0 
0 
0 
0 
0 
RIW GNO UOS/AO02 
05 
08 
011 
015 
FCJ 
FCO 
0 
0 
0 
0 
0 
0 
0 
0 
0 
0 
illSiDS AS 
01 
OJ 
04 
07 
DID 
OIJ 
014 
FC2 
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II 


II 


The 
XPC supports 
high-speed 
X.25 
communications 
between 
host computers, 
between 
host computers 
and 


remote 
units, 
and between 
remote 
units. 
The XPC also 
supports 
a transparent 
operation 
mode 
which 
does 
not 


apply 
the 
LAPB procedure. 
Data is passed 
between 
the 
XPC and 
the 
host 
processor 
through 
shared 
memory 
structures. 
This 
permits 
a minimum 
command 
set for 
host processor/XPC 
communication. 
Additionally 
the XPC 
is a full 
M6BOOO bus 
master, 
providing 
on-chip 
DMA 
capability 
for management 
of memory 
tables 
and frame 
buffers. 
Since the XPC data bus interface 
is configurable, 


the XPC can handle 
both B-bit and 16-bit data transfers. 
When 
the X.25 mode 
is selected 
by the user, the XPC 
is configured 
as a combined 
station 
for full duplex 
point- 
to-point 
communication. 
The XPC supports 
a non-oper- 
ational 
mode 
and two 
operational 
modes 
as defined 
by 


the LAPB procedure. 
The non-operational 
mode 
is asyn- 


chronous 
disconnect 
mode 
(ADM). 
In this balanced 
data 


link mode, the combined 
station 
is logically 
disconnected 
from 
the 
data 
link 
and 
is not 
permitted 
to transmit 
or 


accept 
information. 
Operational 
modes 
incl:.Jde asyn- 
chronous 
balanced 
mode (ABM) and asynchronous 
mode 
extended 
(ABME). 
A balanced 
data 
link 
allows 
a com- 


bined 
station 
to send a command 
or initiate 
a response 


frame 
transmission 
without 
receiving 
explicit 
permission 
from 
the other 
station. 
In ABM/ABME 
the XPC performs 


the following 
operations: 


1) Transmission 
of a chain of information 
(I) frames 


when 
instructed 
by the host, 


2) Transmission 
of supervisory 
(5) frames 
as defined 


by the X.25 LAPB Recommendation, 


3) Transmission 
of unnumbered 
(U) commands 
as 


required 
or when 
instructed 
by the host, and 


4) Transmission 
of 
unnumbered 
(U) responses 
as 
defined 
by the X.25 LAPB Recommendation. 


When 
the transparent 
mode 
is selected, 
the XPC can 
be configured 
as a master, 
a slave or a combined 
station 
for full duplex 
operation. 
The XPC can support 
any HDLCI 


SDLC defined 
operational 
mode. All frames 
are user-gen- 
erated 
and are transmitted 
only 
when 
instructed 
by the 
host. 


The XPC has four 
functional 
blocks 
including: 
serial, 


DMA, 
microcode 
controller, 
and 
register-file/ALU. 
Each 
of these sections 
contain 
user visible 
and nonvisible 
reg- 


isters 
that 
define 
and control 
the operation 
of the XPC. 
A block 
diagram 
of the MC6B605 is shown 
in Figure 
2. 


Because the XPC communicates 
with the host primarily 
through 
shared 
memory, 
a minimum 
number 
of 
host 
processor 
accessible 
registers 
are required. 
Registers 
in 
the XPC fall 
into 
two 
groups. 
One group 
is directly 
ac- 
cessible 
by the 
user 
and 
the 
other 
group 
is indirectly 
accessible 
through 
the station 
table. 
The directly 
acces- 
sible registers 
include 
the command 
register, 
semaphore 
register, 
interrupt 
vector 
register, 
and data register. 
The 
complete 
register 
set is shown 
in Table 
1. 


The host processor 
communicates 
with 
the XPC using 
three 
tables 
located 
in shared 
memory 
(Figure 
3). The 
station 
table 
allows 
the 
host 
processor 
to initialize 
and 
update 
the XPC operating 
parameters 
and table pointers, 
and to receive status and error 
information. 
The transmit 
frame 
specificaton 
table queues 
frames 
to be transmitted 
by the 
XPC, and 
the 
receive 
frame 
specification 
table 
queues 
available 
receive 
buffers 
for the XPC to store 
re- 
ceived 
information 
frames. 
The XPC is given 
a pointer 
to 
the station 
table during 
initialization. 
The transmit 
frame 
specification 
table 
and receive 
frame 
specification 
table 
pointers 
are contained 
in the station 
table. 


STATION 
TABLE 


The station 
table 
format 
is shown 
in Table 2. The first 


19 words 
of the station 
table 
are written 
by the host pro- 
cessor and are read by the XPC. This portion 
of the table 
contains 
the 
XPC operating 
information. 
The 
XPC ac- 
cesses this 
table 
area as the 
result 
of a host 
processor 
command. 
The next 22 words 
of the table are written 
by 


the XPC and read by the host processor. 
Some 
of these 


entries 
are written 
by the XPC as the result of a command 


while other entries are updated 
by the' XPC when a change 


occurs. When 
the XPC accesses the table as the result 
of 


a host 
processor 
command, 
it sets the semaphore 
reg- 


ister to hex 'FF' upon completion 
of the access. While 
the 
XPC is processing 
a command, 
the semaphore 
register 


is hex 'FE'. 


TRANSMIT 
FRAME SPECIFICATION 
TABLE 


The transmit 
frame 
specification 
table queues 
transmit 


frames 
for the XPC. These frames 
are stored 
in memory 


buffers 
located 
throughout 
memory. 
The transmit 
frame 


specification 
table 
contains 
a sequential 
list of transmit 


frame 
specification 
blocks. 
The transmit 
frame 
specifi- 
cation blocks describe 
the location 
of transmit 
buffers 
and 
provide 
information 
about the transmit 
queue. The trans- 
mit table 
pointer 
location 
in the station 
table 
points 
to 
the first transmit 
frame 
specification 
block. See Figure 4. 


When 
the 
host 
processor 
instructs 
the 
XPC to 
load 
transmit 
table 
pointer, 
the XPC loads 
the transmit 
table 


Register 
Description 


Directly Accessible Registers 


Command 
8-Bit Write Only 


Semaphore 
8-Bit Read Only 


Interrupt 
Vector 
8-Bit Write Only, Read on Host Proces- 


sor Interrupt 
Acknowledge 
Cycle 


Data 
32-Bit Write Only 


Indirectly 
Accessible 
Registers 


Register 
Mnemonic 


Station Table Pointer 
STP 


Station Table Function Code 
STFC 


Local Address 
LA 


Remote Address 
RA 


Hardware Configuration 
HC 


Station Configuration 
SC 


Option Bits 
OB 


Mode Descriptor 
MD 


Frame Reject Descriptor 
FRD 


Rx/Host Status 
RHS 


Tx/Link Status 
TLS 


Register 
Mnemonic 


V(SI 
VIS) 


VIR) 
VIR) 


Time Scale Divider 
TSD 


Retries Count 
RC 


Transmit Table Pointer 
TIP 


Transmit 
Table Function Code 
TIFC 


Transmit 
Buffer Pointer 
TBP 


Transmit 
Buffer Function 
Code 
TBFC 


Transmit 
Buffer Count 
TBC 


Receive Table Pointer 
RTP 


Receive Table Function Code 
fiTFC 


Receive Buffer Pointer 
RBP 


Receive Buffer Function Code 
RBFC 


Receive Buffer Count 
RBC 


Time-Out 
Preset 
TOP 


Retries Limit 
RL 


Outstanding 
Frames Limit 
OFL 


Pad Time Select 
PTS 


Last Received N(R) 
LRN 


II 


STATUS/FC 


BUfFER 
POINTER 


BUfFER 
LENGTH 


FINAL 
COUNT 


pointer 
and transmit 
table function 
code registers 
from 
the corresponding 
station 
table entries. 
The transmit 
ta- 


ble pointer 
register 
then has the address of the first trans- 


mit frame 
specification 
block. Before the transmission 
of 
each frame, 
the XPC accesses the current 
transmit 
frame 
specification 
block 
to load 
the transmit 
buffer 
function 
code, 
transmit 
buffer 
address, 
and the 
transmit 
buffer 
length 
into the corresponding 
internal 
registers. 
The XPC 
presents 
a transmit 
buffer 
address 
and function 
code to 
the system 
to load the information 
contained 
in the trans- 
mit buffer. 


During 
transparent 
operation, 
the 
XPC accesses 
the 
next transmit 
frame 
specification 
block and transmits 
the 
corresponding 
frame 
buffer 
until the end of the transmit 
frame 
specification 
table is reached. 
The XPC updates 
its 
internal 
VIS) register 
after the transmission 
of each frame. 


When 
all frames 
have been transmitted, 
the XPC sets the 
IFAK bit (information 
frames 
acknowledged) 
in the Tx/ 


link status 
register. 
During 
X.25 
operation, 
the XPC accesses the next trans- 
mit 
frame 
specification 
block 
and 
transmits 
the 
COrre- 


sponding 
frame 
buffer 
according 
to 
the 
X.25 
Recommendation 
until either the outstanding 
frames 
limit 
or the end 
of the transmit 
frame 
specification 
table 
is 
reached. 
The XPC updates 
its internal 
VIS) registers 
after 
the transmission 
of an information 
frame. 
The XPC mon- 


itors 
the 
N(R) of incoming 
frames 
until 
all transmitted 
frames 
have been acknowledged. 
After 
all frames 
have 
been acknowledged, 
the XPC sets the IFAK bit in the Tx/ 


link status 
register. 


RECEIVE 
FRAME 
SPECIFICATION 
TABLE 


The 
receive 
frame 
specification 
table 
queues 
receive 
buffers 
for the XPC. These buffers 
are stored throughout 
memory. 
The receive 
frame 
specifit:ation 
table 
contains 


a sequential 
list of receive frame specification 
blocks. The 


receive 
frame 
specification 
blocks 
describe 
the location 
of the receive 
buffers 
and provide 
information 
about 
the 


queue. The receive table pointer 
in the station 
table points 
to the first 
receive 
frame 
specification 
block. 
See Figure 


5. 
When 
the host processor 
instructs 
the XPC to load re- 


ceive table pointer, 
the XPC loads the receive table func- 


tion 
code 
and 
receive 
table 
pointer 
registers 
from 
the 
corresponding 
station 
table 
entries. 
The 
receive 
table 
pointer 
register 
then contains 
the address 
of the first 
re- 
ceive 
frame 
specification 
block. 
The XPC accesses 
the 
receive frame specification 
block to load the receive buffer 
function 
code, 
receive 
buffer 
address, 
and 
the 
receive 


buffer 
length 
into 
its internal 
registers. 
The 
XPC then 
presents 
the receive 
buffer 
address 
and function 
code to 
the system 
to store the received 
information 
field 
in the 
memory 
buffer. After reception 
of a frame, the XPC writes 
the number 
of unused 
bytes 
in the final 
count 
entry 
In 
the current 
receive frame 
specification 
block and updates 
its internal 
VIR) register. 
Next the XPC sets the RXI bit 
(receive information 
framel 
in the Rx/host status register. 


The XPC accesses 
the 
next 
receive 
frame 
specification 
block to store 
incoming 
frames, 
until 
the end of the re- 


ceive frame 
specification 
table 
is reached. 


To decrease 
the possibility 
of a receive 
not ready con- 


dition 
due to a lack of available 
receive buffers, 
a method 
is provided 
for linking 
receive frame 
specification 
tables. 
When 
the EDT (end of table) 
bit is set in a receive frame 
specification 
block, the XPC inspects 
the link bit value. 
If 
the link bit is set, then 
the XPC loads 
the receive 
table 
pointer 
and FC registers 
from 
the corresponding 
station 
table locations. 
The XPC then sets the RTE (receive 
table 
ended) 
bit in the 
Rx/host 
status 
register 
and" issues 
an 


Option 
Bits 


Time Out Preset 


Time S~aleDivider 
I 
Pad Time 
Select 


Outstanding 
Frames Limit 
I 
Retries Limit 


R.I Host 
Mask 
Bits 


T./Link 
Mask 
Bits 


R.I Host 
Status 
Clear Bits 


T./Link 
Status 
Clear Bits 
a a a a 
I 
a a a a 
I 
Local Address 
a a a a 
I 
a a a a 
I 
Remote 
Address 
a a a a 
I 
a a a a 
I 
a a a a I 
RTFC 


Receive Table Pointer 
High 
Word 


Receive Table Pointer 
- 
low Word 
a a a a 
I 
a a a a 
I 
a a a a 
I 
TIFC 


Transmit 
Tabl. 
Pointer 
- 
High 
Word 


Transmit 
Table Pointer 
- 
Low Word 
a a a a 
I 
a a a a 
I 
a a a a I 
OAFC 


Oump 
Area 
Pointer 
- 
High Word 


Dump Area 
Pointer 
- 
low 
Word 


R.I Host 
Status 


T.I Link 
Status 


Mode 
Descriptor 
I 
Frame Reject Descriptor 


VS 
I 
VR 
a a a a 
I 
a a a a 
I a a a a 
I 
FUFC 


First Unacknowledged 
Pointer 
- 
High Word 


First Unacknowtedged 
Pointer 
- 
Low Word 
a a a a 
I 
a a a a 
I a a a a 
I 
NTFC 


Next Transmit 
Pointer 
- 
High Word 


Next Transmit 
Pointer 
- 
Low Word 
a a a a 
I 
a a a a 
I 
a a a a I 
NRFC 


Next Receive Pointer 
- 
High Word 


Next Receive Pointer 
- 
Low Word 
a a a a 
I 
a a a a 
I 
a a a a I 
REFC 


Receive Bus! Address 
Error Pointer 
- 
High Word 


Receive Bus/Address 
Error Pointer 
- 
Low Word 
a a a a 
I 
a a a a 
I 
a a a a I 
TEFC 


Transmit 
Bus/ Address Error Pointer 
- 
High Word 


Transmit 
Bus! Address 
Error Pointer 
- 
Low Word 


Received 
FRMR 
Information 
Field 
- 
Word 
1 


Received 
FRMR 
Information 
Field 
- 
Word 
2 


Received 
FRMR 
Information 
Field 
- 
Word 
3 


Host 
Processor 


Area 
Read by the 


XPC Written 
by 


Host Processor 
II 


XPC Area 
Read 


by the Host 


Processor 
Written 


ON·CHIP 
REGISTERS 


RECEIVE 
TABLE 
POINTER 


RECEIVE 
TABLE 
FC 


interrupt 
if enabled. 
The link 
operation 
can be used to 
implement 
a cyclical 
queue by using the original 
RTP and 
FC values 
in the station 
table. 
However, 
the 
user 
must 
read filled 
receive 
buffers 
expediently 
to ensure 
that the 
XPC does not overwrite 
the buffers with incoming 
frames. 
During 
transparent 
operation, 
if the link 
bit is not set 
in the last receive frame 
specification 
block, the XPC sets 
the 
RTE bit in the 
Rx/host 
status 
register. 
If a frame 
is 
received 
before 
another 
receive 
table 
is assigned 
via a 
load 
RTP command, 
the XPC sets the 
NBA (no receive 
buffer 
available) 
bit in the Rx/host 
register. 


During 
X.25 operation, 
if the link 
bit is set in the 
last 
receive frame 
specification 
block, the XPC transmits 
a RR 
frame, 
and the XPC is ready to receive additional 
I frames 
into 
memory 
buffers 
using 
a new 
receive 
frame 
specifi- 
cation 
table. 
If the 
link 
bit is not set in the 
last receive 
frame 
specification 
block, the XPC sets the RTE bit in the 
Rx/host 
status 
register. 
If an I frame 
is received 
before 
another 
receive 
table 
is assigned 
via a load 
RTP com- 


mand, the XPC sets the NBA (no receive buffer 
available) 
bit 
in the 
Rx/host 
status 
register 
and transmits 
a RNR 
frame. 


The 
host 
processor 
issues 
commands 
to the 
XPC to 
perform 
various 
functions 
by writing 
to the 
XPC com- 
mand 
register. 
There 
are 23 commands 
that 
fall 
in the 
following 
four 
categories: 
1) Initialization 
2) Table 
Handling 
3) Link Handling 
4) Test/Diagnostics 


INITIALIZATION 
COMMANDS 


Initialization 
commands 
configure 
the XPC for opera- 
tion 
after 
a hardware 
or software 
reset. The four 
initial- 
ization 
commands 
specify 
various 
system 
attributes, 
communication 
protocol 
options, 
and the location 
of the 
station 
table 
in memory. 


Reset 


The 
reset 
command 
and 
hardware 
reset 
causes 
the 
following 
actions: 
• 
Reset the Receive 
Channel 
and Isolate 
RxD 
• 
Reset 
the 
Transmit 
Channel, 
Negate 
RTS, 
and 


Transmit 
Ones 
• 
Immediately 
Relinquish 
the System 
Bus 
• 
Set the Interrupt 
Vector 
Register 
to 'OF' Hex 


• 
Disable 
Transmit 
and Receive 
Memory 
Buffers 
• 
Clear all Rx/Host 
and Tx/Link 
Status 
Bits 


• 
Clear all Hardware 
and Station 
Configuration 
Bits 


• 
Clear all Option 
Bits 
• 
Clear 
all Mode 
Descriptor 
and 
Frame 
Reject 
De- 


scriptor 
Bits 
• 
Zero 
Station 
Table 
Pointer 
and Station 
Table 
FC 


Registers 
• 
Zero 
Transmit 
Table 
Pointer 
and Transmit 
Table 


FC Registers 
• 
Zero Receive 
Table 
Pointer 
and Receive 
Table 
FC 


Registers 
• 
Zero Remote Address 
and Local Address 
Registers 
• 
Zero VIR), VIS), and Last Received 
N(R) Registers 


• 
Zero Preset Values 
and Retries 
Count 
Register 


Set Station 
Configuration 


The set station 
configuration 
command 
specifies 
pro- 
tocol 
parameters. 
The command 
has the following 
for- 
mat. 


ECRC - 
Extended 
CRC 
o 
16-Bit CRC 
CRC CCITI 
(X16+X12+X5+1) 
32-Bit CRC 
(X32 +X26 +X23 +X22 + X16+ X12 + 11 
+X10+X8+X7 
+X5+X4+X2+X1 
+ 1) 
ECNT - 
Extended 
Control 
o 
Basic Control 
Field Format 
(Modulo 
8) 
1 
Extended 
Control 
Field Format 
(Modulo 
128) 


Set Hardware 
Configuration 


The set hardware 
configuration 
command 
defines 
the 
data decoding/encoding 
scheme, DMA burst control, 
data 
organization 
in memory 
and data bus size. The format 
of 
the command 
is shown 
below. 


NRZI - 
Non-Returned 
to Zero Invert 
o 
NRZ Decoding/Encoding 
1 
NRZI Decoding/Encoding 
BRSC - 
Burst Control 
o 
DMA Burst is Unlimited 
1 
DMA 
Burst is Limited 
to Eight Successive 
Mem- 
ory Cycles 
DORGM - 
Data Organization 
in Memory 
for a 16-Bit Data 
Bus System 
o 
Data in Memory 
is Organized with High-Order 
Byte 
in 
Lower 
Memory 
Address 
(Motorola 
and 
IBM 
Convention) 
Data in Memory 
is Organized with Low-Order 
Byte 
in Lower 
Memory 
Address 
(DEC and Intel 
Con- 
vention) 


(This capability 
is available 
only for I frame 
buff- 


ers and not for parameters 
or tables.) 
BUSW - 
Bus Width 
o 
8-Bit Data Bus 
1 
16-Bit Data Bus 


Load Function 
Code 


The load FC command 
writes 
the function 
code value 
in the data register 
into the station 
table FC register. 
This 


command 
is issued 
after the host processor 
has written 
the function 
code to the data register. 


Load Station 
Table 
Pointer 


The load station 
table pointer 
command 
writes 
the sta- 


tion table address 
from 
the data register 
into the station 
table 
pointer 
register. 
This command 
is issued 
after the 
host 
processor 
has written 
the station 
table 
pointer 
to 
the data register. 


TABLE HANDLING 
COMMANDS 


The 
11 table 
handling 
commands 
cause the 
XPC to 
access the station 
table, transmit 
frame 
specification 
ta- 


ble, or receive 
frame 
specification 
table. 


Load Option 
Bits 


The 
load 
option 
bits 
command 
loads 
the 
option 
set 
from 
the station 
table 
into the option 
bits register. 


X.75 - 
X.75 Option 
o 
X.25 Operation 
1 
X.75 Operation 
CRCNOA - 
CRC Bypass Option 
o 
Non-octet 
aligned 
frames 
or frames 
with 
a CRC 
error are not accepted 
Non-octet 
aligned 
frames 
or frames 
with 
a CRC 
error are accepted 


Load Addresses 


The load addresses 
command 
loads the local and re- 


mote 
addresses 
from 
the station 
table 
into the internal 
XPC registers. 
After 
these 
registers 
are loaded, 
the XPC 
is ready to establish 
the link. The XPC monitors 
the re- 


ceive line and transmits 
continuous 
flags. 


Load Preset Values 


The load 
preset 
values 
command 
loads 
the time 
out 
preset 
value, 
time 
scale 
divider, 
pad time 
select, 
out- 


standing 
frames 
limit, 
and retries 
limit 
from 
the station 
table 
into the respective 
XPC internal 
registers. 


Load Transmit 
Table Pointer 


The 
load 
transmit 
table 
pointer 
command 
loads 
the 
transmit 
table pointer 
and the transmit 
table FC from the 
station 
table 
into 
the corresponding 
XPC registers 
and 
enables the transmission 
of a chain of information 
frames. 


Continue 
Transmit 


The confinue 
transmit 
command 
(hex '95') 
is used to 
extend 
the 
transmit 
queue 
after 
adding 
entries 
to the 
transmit 
frame 
specification 
table. 
The user should 
set 
the 
EOT bit 
in the 
transmit 
status 
location 
of the 
last 
added 
entry 
and then 
clear the EOT bit at the previous 
end of table. 
Finally, 
the user should 
instruct 
the XPC to 


"continue 
transmit". 
This command 
is useful 
in the case 
where 
the'XPC 
has already 
detected 
the 
previous 
EOT 
and will 
not read a new table entry. 
Instead, 
it is waiting 
for all transmitted 
frames 
to be acknowledged, 
and dur- 
ing this 
period, 
it will 
not 
accept 
a new 
load 
transmit 
table 
pointer 
command. 


Load Receive Table Pointer 


The load receive table 
pointer 
command 
loads the re- 
ceive 
table 
pointer 
and 
the 
receive 
table 
FC from 
the 
station 
table 
into 
the corresponding 
XPC registers 
and 
enables 
the reception 
of information 
frames. 


load 
Station 
Parameters 


This command 
combines 
the load option 
bits, load pre- 
set values, 
and load addresses 
commands. 


Update 
Status 


The update status command 
allows 
the host to request 
current 
XPC status 
information. 


Clear Tx/link 
Status 


The clear Tx/link 
status command 
clears the status bits 
in the Tx/link 
status 
register 
as specified 
by the Tx/link 
status clear bits in the station 
table. 


Clear Rx/Host 
Status 


The clear 
Rx link status 
command 
clears 
the 
Rx/host 
status 
register 
as specified 
by the 
Rx/host 
status 
clear 
bits in the station 
table. 


Clear Status 


The clear status command 
clears both the Tx/link 
and 
Rx host 
status 
bits 
in the 
respective 
XPC registers 
as 
specified 
by the Tx link status clear bits and the Rx/host 
status clear bits in the station 
table. 


Dump 
Parameters 


The dump 
parameters 
command 
writes 
the following 
XPC parameters 
into the corresponding 
status 
table 
lo- 
cations 
in the order given: 
Rx/host status, Tx/link 
status, 
mode descriptor, 
frame 
reject descriptor, 
VIR), VIS). first 
unacknowledged 
transmit 
block 
FC and 
pointer, 
next 
transmit 
block FC and pointer, 
and next receive 
block FC 
and pointer. 


LINK HANDLING 
COMMANDS 


The two link handling 
commands 
cause the XPC to set 
the link to a new operation 
mode 
and to automatically 
handle communication 
on both channels 
according 
to the 
predefined 
configuration 
and option 
bits. 


Start 
link 


The start 
link command 
initiates 
the link setup proce- 
dure. 


Stop 
link 


The 
stop 
link 
command 
initiates 
the 
link 
disconnect 
procedure. 


TEST/DIAGNOSTICS 


The five commands 
in the text.diagnostics 
category 
test 
the XPC circuit 
and run diagnostics 
on the link. 


Dump 
Registers 


The dump 
registers 
command 
writes the XPC registers 
to a user specified 
dump 
area in external 
memory. 


DMA Transfer 


The DMA transfer 
command 
tests the handling 
of par- 
allel data. The XPC reads the data from 
a transmit 
mem- 
ory buffer 
and writes 
it to a receive 
memory 
buffer. 
The 
XPC transfers 
data from the transmit 
buffer to the receive 
buffer 
via 
the 
data 
register 
without 
using 
the 
internal 
transmit 
or receive 
FIFOs. The serial 
link is not affected 
by this operation. 


Serial loopback 


The 
serial 
loopback 
command 
tests 
the 
handling 
of 
parallel 
and 
serial 
data. 
The 
XPC reads 
data 
from 
the 
transmit 
memory 
buffer 
into the transmit 
FIFO. The data 
is then 
serialized 
and shifted 
internally 
into 
the receive 
FIFO and onto the TxD line. Finally 
the data is stored 
in 
the receive memory 
buffer. 
RTS is not active during 
serial 
loopback. 


Monitor 


The 
monitor 
command 
allows 
the 
XPC to check the 
communication 
channel 
by 
reading/writing 
the 
entire 
frame 
from/to 
memory. 
The monitor 
command 
may be 
used to perform 
an external 
loop back test of the system 
or to implement 
any HDlC/SDLC 
operation 
mode where 
all frames 
are user generated. 
The XPC transmits 
and/or 
receives 
multiple 
information 
frames 
using 
the transmit 
and receive frame 
specification 
tables 
until 
an end mon- 
itor command 
is received. 
In each transmit 
buffer 
the 
user 
places 
the 
address, 
control, 
and data (if any) fields. 
The XPC only 
provides 
framing, 
zero insertion, 
and CRC for each frame. 
On the 
receive 
side, the XPC strips 
off flags, 
handles 
zero dele- 
tion, 
and writes 
the address 
control 
and data fields 
into 
the receive buffer. 
The received 
CRC is also appended 
to 
the 
end of each 
memory 
buffer 
and 
is verified 
by the 
XPC. 


End Monitor 


The 
end 
monitor 
command 
terminates 
the 
monitor 
command. 


XPC IMPLEMENTATION 
OF 
LAPB PROTOCOL 


INITIALIZATION 
PROCEDURE 


The XPC enters the initialization 
procedure 
as the result 
of a hardware 
or software 
reset. During 
this initialization, 


the station 
table address 
and function 
code (FC). system 
configuration 
information, 
and the XPC interrupt 
vector 
are loaded 
by the XPC under the direction 
of the host, as 
shown 
in the sample 
program 
below. 
Internal 
XPC reg- 
isters directly 
accessed during 
the initialization 
procedure 
are the command 
register 
(CR), data register 
(DR). inter- 


rupt vector 
register 
(IV). and semaphore 
register 
(SR). 


RESET 


Repeat: 
Read Semaphore 
Register 
Until 
it is 'FF' 
Write 
CR: 
Set Hardware 
Configuration 
Repeat: 
Read Semaphore 
Register 
Until 
it is 'FF' 


Write 
CR: 
Set Station 
Configuration 
Repeat: 
Read Semaphore 
Register 
Until 
it is 'FF' 


Write 
DR: 
4-Bit Function 
Code Value for Station 
Table 
Access 
Write 
CR: 
Load Function 
Code 
Repeat: 
Read Semaphore 
Register 
Until 
it is 'FF' 
Write 
DR: 
32-Bit Address 
of Station 
Table 
Write 
CR: 
Load Station 
Table Pointer 
(STP) 
Repeat: 
Read Semaphore 
Register 
Until 
it is 'FF' 


Write 
IV: 
Load Interrupt 
Vector 
Write 
CR: 
Load Station 
Table Parameters 
Repeat: 
Read Semaphore 
Register 
Until 
it is 'FF' 


INFORMATION 
FRAME 
TRANSMISSION 


After 
the 
XPC enters 
asynchronous 
balanced 
mode 
(ABM) or asynchronous 
balanced mode extended 
(ABME), 


the 
host 
processor 
can 
instruct 
the 
XPC to transmit 
a 
chain of information 
frames 
by issuing 
the load transmit 
table 
pointer 
command. 
In response 
the XPC loads the 
transmit 
table pointer and the transmit 
table function 
code 
from 
the station 
table into its internal 
registers. 
Next the 
XPC loads the first transmit 
buffer pointer, 
transmit 
buffer 
function 
code, and transmit 
buffer 
count from 
the trans- 
mit frame 
specification 
table into the corresponding 
XPC 
registers. 
Now the XPC is ready to build 
the first frame. 


The remote 
address 
is copied from the remote 
address 
register 
into the XPC transmit 
FIFO. Next the control 
field 
is generated 
and placed in the FIFO. The information 
field 
pointed 
to by the transmit 
buffer 
pointer 
register 
is then 
read from 
the memory 
buffer 
into the transmit 
FIFO until 
the transmit 
buffer 
count 
is satisfied. 
A frame 
check se- 
quence 
is attached 
to complete 
the frame. Zero insertion 
is performed 
throughout 
the transmission. 
After 
frame 
transmission 
the send state variable, 
V(S). is updated 
and 
timer 
T1 is started 
(if it is not already 
running) 
to deter- 
mine when 
the programmed 
time period 
permitted 
for a 
reply to be received 
has elapsed. 
This transmission 
sequence 
repeats for each frame un- 
til the end of the transmit 
chain 
is reached, 
or until 
the 
outstanding 
frames 
limit 
is reached. 
The XPC continues 
to transmit 
any available 
information 
frames 
even when 
the XPC receiver 
is in the busy condition. 
The XPC pre- 
maturely 
terminates 
frame 
transmission 
if a link 
com- 
mand 
interrupts 
the information 
frame 
transmission 
or 
an error 
condition 
arises. 
Transmission 
begins when six bytes are present 
in the 
transmit 
FIFO. Transmission 
can begin 
when 
less than 
six bytes are present 
in the FIFO if the entire frame 
is less 
than six bytes in length. 
Between 
frames 
the XPC trans- 
mits 
the 
user selected 
number 
of pad flags. 
Additional 
flags are transmitted 
if the required 
number 
of bytes are 
not present 
in the transmit 
FIFO. While 
transmitting 
an 
information 
frame, 
the XPC requests 
the bus when there 
are at least six empty 
bytes in the transmit 
FIFO. 


INFORMATION 
FRAME 
RECEPTION 
The host 
processor 
enables 
information 
reception 
by 
instructing 
the XPC to load receive table pointer. 
The XPC 


will 
load the receive table pointer 
and function 
code into 
its internal 
registers. 
Next the receive 
buffer 
pointer 
and 
function 
code, 
and the 
receive 
buffer 
count 
are loaded 
into 
the corresponding 
XPC registers. 
The XPC is now 
ready to receive 
information 
frames. 


The address 
field 
of an incoming 
I frame 
is compared 
to the local address 
register 
and the remote 
address 
reg- 


ister. 
If the address 
does not match 
the local or remote 
address, the frame is ignored. 
If the address field matches 
the remote 
address, 
a frame 
reject (FRMR) is transmitted 
and the W (invalid 
or unimplemented 
control 
field) 
bit of 
the frame 
reject 
descriptor 
register 
(FRD) is set. If the 
address 
field 
matches 
the local address, 
the frame 
is ac- 


cepted 
by the XPC and the received 
N(R) acknowledges 
previously 
transmitted 
I frames. 
Next, the send sequence 
number 
N(S) of the incoming 
frame 
is compared 
to the XPC internal 
receive 
state var- 
iable 
VIR). If the frame 
is in sequence, 
then 
the 
infor- 


mation 
field 
is transferred 
through 
the 
receive 
FIFO to 
the receive 
memory 
buffer. 
Out-of-sequence 
frames 
are 
rejected. 
Lastly, the XPC performs 
a CRC check on the incoming 
information 
frame. 
If an error-free 
frame 
is received, 
the 
XPC acknowledges 
the frame 
reception 
with 
a supervi- 


sory frame 
(receive 
ready RR or receive 
not ready RNR) 
or with 
an updated 
receive sequence 
number 
N(R) in the 
next information 
frame. 
Zero 
deletion 
is performed 
throughout 
the 
reception 
process. 
The XPC requests 
the bus when 
there 
are six 
bytes in the receive 
FIFO. Only a single 
frame 
can reside 
in the receive 
FIFO. Frames are received 
in sequence 
as 


long as memory 
buffers 
are available. 


STATE 
TABLE 


The XPC state table 
(Figure 
6 which 
is located 
on the 
last page of this 
document) 
is a detailed 
description 
of 
the XPC implementation 
of the LAPB procedure. 
The state 
table defines 
the various 
XPC states based on command 
frames 
received 
(no errors). 
response 
frames 
received 
(no errors). 
and miscellaneous 
inputs 
received. 
For ex- 


ample, 
referring 
to 
Figure 
6, if the 
command 
received 
was an RR with the poll bit set to one while 
in the remote 
station 
busy condition 
(state 9). then the XPC responds 
with 
an RR with 
the final 
bit set to a one and changes 
to 
information 
transfer 
(state 5). 


XPC TRANSPARENT 
MODE OF OPERATION 


The XPC transparent 
mode 
of operation 
can be used 
to implement 
a variety 
of bit oriented 
protocols. 
The fol- 
lowing 
paragraphs 
describe 
the XPC transparent 
mode 
of operation. 


INITIALIZATION 
PROCEDURE 


The XPC enters the initialization 
procedure 
as the result 
of a hardware 
or software 
reset. During 
initialization, 
the 
station 
table 
address 
and function 
code, system 
config- 


uration 
information, 
and the XPC interrupt 
vector 
should 


be loaded 
by the XPC under the direction 
of the host, as 
shown 
in the sample 
program 
below. 
Note that the XPC 
will 
not come out of hardware 
or software 
reset without 
the 
system 
clock 
and 
the transmit 
clock. 
The transmit 
clock is used to initialize 
the serial 
section 
of the chip. 


ENTERING 
TRANSPARENT 
OPERATION 


Transparent 
operation 
is entered 
when the host issues 
the monitor 
command. 
After 
the monitor 
command, 
the 
XPC asserts RTS, transmits 
flags, and monitors 
RxD. Since 
handshaking 
between 
nodes 
is not possible 
before 
the 
monitor 
command 
is executed, the host processor 
at each 
node 
must 
issue the monitor 
command 
in order 
for the 
two 
nodes 
to communicate. 


FRAME 
TRANSMISSION 


After 
the monitor 
command 
is issued, the XPC begins 
transmission 
of frames 
only after receiving 
a load trans- 
mit table painter 
command 
from 
the host. All frames 
are 
user-generated 
and may contain 
user-provided 
address, 


control, 
and data fields 
or may contain 
only a data field. 


After the host issues the load transmit 
table pointer 
com- 


mand, 
the XPC loads 
the transmit 
table 
pointer 
and the 
transmit 
table funtion 
code from 
the station 
table into its 
internal 
registers. 
Next, 
the 
XPC loads 
the first 
trasmit 
buffer 
pointer, 
transmit 
buffer 
function 
code, and trans- 
mit 
buffer 
count 
from 
the transmit 
frame 
specification 
table into the corresponding 
XPC registers. 
Now the XPC 
is ready to transmit 
the first frame. 
The frame 
pointed 
to 
by the transmit 
buffer 
pointer 
register 
is read from 
the memory 
buffer 
into the transmit 
FIFO until the transmit 
buffer 
count 
is satisfied. 
An XPC- 
generated 
frame check sequence 
is then attached 
to com- 


plete 
the frame. 
After 
each frame 
transmission, 
the 
in- 
ternal 
VIS) register 
is incremented 
without 
regard 
to the 
frame 
type. This transmission 
sequence 
repeats for each 
frame 
until the end of the transmit 
chain is reached. 
Zero 
insertion 
is performed 
throughout 
the transmission 
proc- 
ess. 
In transparent 
operation, 
the XPC transmits 
frames 
un- 


til the end of the transmit 
specification 
table 
is reached. 


After the last frame 
is transmitted, 
the XPC sets the IFAK 


(information 
frames 
acknowledged) 
bit in the Tx/link 
sta- 


tus register 
to indicate 
the end of the transmit 
table. The 
XPC does not analyze 
any incoming 
frames 
for acknowl- 


edgements 
or link control 
information 
during 
transparent 
operation. 
The only 
errors 
reported 
in the Tx/link 
status 
register 
are address 
error, 
bus error, 
c1ear-to-send 
lost, 


and underrun. 
Transmission 
begins 
when 
six bytes are present 
in the 
transmit 
FIFO. Transmission 
can begin 
when 
less than 
six bytes 
are present 
in the 
FIFO, if the entire 
frame 
is 
less than 
six bytes 
in length. 
Between 
frames, 
the XPC 
transmits 
the user-selected 
number 
of pad flags. 
Addi- 


tional 
pad flags 
are transmitted 
if the required 
number 
of bytes 
are not present 
in the transmit 
FIFO for trans- 


mission 
to begin. 
While 
transmitting 
a frame, 
the XPC 
requests 
the bus when 
there are at least six empty 
bytes 
in the transmit 
FIFO. 


FRAME 
RECEPTION 
The 
host 
processor 
enables 
frame 
reception 
by 
instructing 
the XPC to load receive table pointer. 
The XPC 
then 
loads 
the 
receive 
table 
pointer 
and function 
code 
into its internal 
registers. 
Next, the receive buffer 
pointer 
and function 
code, and the r'lceive 
buffer count are loaded 
into 
the 
corresponding 
XPC registers. 
The XPC is now 
ready to receive 
frames. 
The XPC does not analyze the address and control 
fields 
of incoming 
frames, 
but does 
perform 
a CRC check 
on 
incoming 
frames. 
After 
the flags are stripped 
off, the en- 


tire frame including 
CRC is written 
into the current 
receive 
buffer 
and the RXI (received 
information 
frame) 
bit is set 
in the Rx/host 
status 
register. 
If a frame 
is received 
with 
a CRC error, the XPC sets the E bit in that frame's 
receive 
specification 
block. 
After 
a frame 
is received, 
the 
XPC 
increments 
VIR) without 
regard to frame 
type. Zero dele- 
tion 
is performed 
throughout 
the reception 
process. 
In transparent 
operation, 
the XPC continues 
to receive 
frames 
until 
the end of the receive 
specification 
table 
is 
reached. The XPC then sets the RTE (receive 
table ended) 
bit in the Rx/host 
status 
register. 
The XPC requests 
the bus when 
there 
are six bytes 
in 
the receive 
FIFO. Only 
a single 
frame 
can reside 
in the 
receive 
FIFO. Frames 
are received 
in sequence 
as long 
as memory 
buffers 
are available. 


- 


r FRAME 
I FRAME 
AA 
RR 
REJ 
AEJ 
ANA 
ANA 
SA8M 
DISC 
RR 
RR 
REJ 
AEJ 
ANA 
STATE 
WITH 
WO 
POLL 
WITH 
WO 
'Oll 
WITH 
WO 
POLL 
WITH 
WO 
POLL 
WITH 
OR 
WITH 
OR 
WITH 
WO 
WITH 
WO 
WITH 
POll 
POLL 
POLL 
POll 
W a POll 
WO POll 
FINAL 
FINAL 
fINAL 
FINAL 
FINAL 


SI 
OM, 
F 
I 
- 
OM, 
F 
I 
OM, 
F 
I 
QM.F 
I 
UA, F , 
OM' , 
DISCONNECTEO 
TO $5 


SI 
- 
- 
I - 
- 
- 
- 
VA, F , 
OM. 
F , 


LINK 
SETUP 
I 
TO $1 


S3 
FRMR. 
FRMR, 
fRMR. 
FRMR. 
FRMR. 
FRMR. 
FRMR 
FRMR 
VA 
F , 
VA 
F 
P 


FRAME 
REJECT 
, 
I 
f 
0 
f 
I 
f 
0 
f 
I 
, 0 
, 
I 
f 
0 
TO S~ 
10 $1 


S' 
OM, f 
P 
DISCONNECT 
- 
- 
- 
- 
- 
- 
TO $1 
VA 
f 
P 


REQUEST 


S5 


1 I 


AR, F 
1 
RR,f 
0 
P I UA, F 
P 


lUNXF) 
lUNXFI 
(UN.<FI 


INFORMATION 
RR,F 
" 
RR,F 
1 
., 
RR, 
F 
i 
.. 
UA, F 
SA8M 
... 
SA8M 
... 
SA8M 
TRANSFER 
TO 59 
TO 59 
TO $1 
TO $2 
ro 52 
TO 52 


S6 
RR, F -I! 
•• 
RR,F 
1 
RR, F 
0 
VA. F , 
VA 
f , 
IUNXFI 
IUNXFI 
(UNXFI 


REJ 
FRAME 
RR, 
F 
1 
.. 
RR, F 
1 
.. 
SA8M 
... 
SA8M 
... 
SA8M 


SENT 
TO S5 
I 
TO S5 
TO $14 
TO $14 
TO $5 
TO $1 
TO $2 
TO $2 
TO $2 
1---- 


S1 
WAITING 
1 
RR.F 
1 
RR, F 
0 
UA, F 
P 
UA F 
P 
... 
... 


ACKNOWLEDGE 


RR. 
F 
RR. 
F 
0 
RR. F-I 
RR, 
F 
0 
RR, f _1 
RR.F 
0 
TO $12 
TO $\2 
TO 55 
TO $1 
TO 55 
TO $5 
"~, 


MENT 


S8 
RNR, 
F 
1 
RNR, 
F 
0 
UA, F 
P 
rUNXFI 
lUNXFI 
(UNXFI 


STATION 
RNR, 
F-I 
RNR 
F 
0 
RNA. 
F 
1 
'N 
RNA. 
F 
1 
-N 


TO 510 
TO SIO 
UA, F 
P 
TO Sl 
SABM 
... 
5ABM 
... 
SABM 
BUSY 
TO S2 
TO S2 
TO S2 
I 


S9 
RR, F 
1 
.. 
RR, F-1 
.. 
UA, F 
P 
UA, F 
P 
(UNXFI 
... 
(UNXFl 
... 
IUNX'I 
I 


REMOTE 
RR.F 
1 
RR, F 
0 
TO S5 
TO S5 
ro 
55 
TO 55 
RR,F 
1 
RA.F 
0 
TO S5 
TO 51 
SABM 
TO 55 
5ABM 
TO S5 
SABM 
STATION 
BUSY 
TO 52 
TO S2 
TO S2 
I 


SIO 


RNR, 
F-l 
'N 
RNR, F 
1 
'N 
UA, F 
P I UA.F 
p 
(UNXF! 
... 
(UNXFI 


~X'I 
BOTH 
STATIONS 
RNR, 
F 
1 
RNR, 
F-O 
TO S8 
TO S8 
TO 58 
TO S8 
RNR, 
F 
1 
RNR, 
F 
0 
TO 58 
TO SI 
SABM 
TO S8 
SABM 


fa 
S8 
~~B5~ 
BUSY 
TO S2 
TO S2 
-- 
-- 


SII 


ANA.' 
0 I ANA.' 
1 


WAITING 
ACK 
RNR. F 
1 
RNA, 
F , UA, F 
P 
UA 
F 
P I ... 
... 


AND 
RNR, 
F 
1 
RNR, 
F 
0 
RNR, 
F-\ 
RNR, f 
0 
TO S13 
TO S13 
TO S8 
TO SI 
TO S8 
TO S8 ---=-+=~ 
STATION 
BUSY 
- 
--- .-___ 
J 


Sil 
WAITING 
ACK 
RR. F 
1 
RR. f 
0 
RR. f 
1 
RA,F 
0 
UA, F 
P 
UA, f 
P 
... 
- 
... 
I 
- 


ANa 
REMOTE 
RR, F 
1 
RR, F 
0 
TO S7 
TO S7 
TO S7 
TO S7 
RR' 
1 
RR. F 
0 
ro 
S5 
TO SI 
TO S5 I 


TO S7 
TO S5 
TO S7 
TO S9 


STATION 
BUSY 
.. 


S13 
WAITING 
ACK 
RNA, 
F-l 
0 


RNR. F 
1 
RNR, F 
0 
RNR, 
F 
1 
RNR, 
F 
0 
1 
RNR, 
F 
01 
UA.' 
P 
UA. F 
P 
... 
- 
... 


AND 
BOTH 
RNR. 
F 
TO SI1 
TO SI1 
TO 511 
TO S\I 
RNR, 
F 
TO S8 
TO Sl 
TO 58 
TO Sil 
TO S8 
TO $11 
TO SIO 
STATIONS 
BUSY 


SI4 
(UNXF! 
IUNXF) 
~IUNXfI 
REJ FRAMf 
SENT 
RR. F 
1 
RR,F 
0 
RR, F 
1 
.. 
RR,F 
1 
.. 
UA, F 
P 
UA, F 
P 
... 


AND 
REMOTE 
TO S9 
TO S9 
TO S6 
TO S6 
TO S6 
TO S6 
RR, F 
1 
RR, F 
0 
TO S5 
TO S1 
SABM 
TO S6 
5ABM 


TO S6 
~~BS~ 
STATION 
BUSY 
TO S2 
TO S2 


L_ 


If I avaIlable 
then Tl( I frame else Tl( AR, F 
0 


If r available then Tl( I frame else do nothing 


oN 
1'1 available 
then Tl( I frame else TI( ANA, F _ 0 


.oN 
if P 
1 then Tx ANA, F 
1 else if I available 
then Tx I frame e!se Tx ANA, F 
0 


'FR 
If P 
1 then Tl( FAMA. F 
1 els'? If P 
0 then Tl( FAMA. F 
0 else do nothing 
"OM 
If P 
, then Tl( OM. F 
1 else do nothing 


•J 
If no AEJ FAAME ISoutstanding 
then transmit 
AEJ, F 
P else If P - 1 then Tx AA. F 
1 else do nothing 
'.J 
If the I field of a correctly 
received frame has been discarded (due to the busy condition) 
then Tl( AEJ, F 
0 e;se Tx AR, F 
0 
Do nothing 
X 
ThiS event never occurs In thIS state 


UNXF 
Unexpected 
final bIt 


II 


II 


RNR 
UA WITH 
DM 
DM 
FRMR 
lOCAL 
lOCAL 
STATION 
BUSY 
11 
N2 
11 
NS 
INVALID 
UNRECOGNIZED 


WID 
OR WID 
WITH 
WID 
WITH 
OR 
START 
STOP 
6ECOMES 
CONOtTlQN 
EXPIRES 
IS 
SEOUENCE 
NR 
FRAME 


FINAL 
FINAL 
FINAL 
fINAL 
WID 
FINAL 
COMMAND 
COMMAND 
BUSY 
GLEAR 
EXCEEDED 
ERROR 
RECEIVED 
RECEIVED 


- 
- 
SABM 
$ABM 
- 
$ABM 
DISC 


X 
- 
X 
X 
'DM 
'DM 
'DM 
TO 52 
TO $2 
TO 52 
TO $4 


- 
TO 55 
TO $1 
- 
- 
X 
X 
X 
- 
SABM 
TO $1 
- 
- 
- 


- 
- 


$ABM 
SABM 
SABM 
SABM 
DISC 
X 
- 
FRMR 
SABM 
'fA 
'fA 
'fA 
TO 52 
TO 52 
TO 52 
TO 52 
TO $4 
TD S2 


- 
TO $1 
TO $1 
- 
- 
X 
X 
X 
- 
elSC 
TO $1 
-- 
- 
- 


TO 59 
SABM 
SABM 
$ABM 
$ABM 
SABM 
DISC 
I 


RNR, 
F 
P 
X 
RR. P-l 
SABM 
'J 
FRMRIZI 
FRMRIW) 
TO 52 
TO 52 
1052 
TO 52 
TO 52 
TD 54 
TD sa 
TO 57 
TD S2 
TO 56 
TO 53 
TD SJ 


I 


$ABM 
$ABM 
$ABM , 


SABM 
SABM 
DISC 
RNR, f 
P 
RR, 
p- 
1 
$ABM 
IFP-l 
FAMRIZ) 
FRMR(W) 
TO $14 
TO 52 
TO 52 
TO 52 
TO S2' 
TO 52 
TO $4 
TO 58 
X 
TO 51 
TO 52 
Tx RR, F-'-l 
TO S3 
TO S3 


TO $12 
$ABM 
SABM 
SABM 
$ABM 
SABM 
DISC 
RNR, F 
P 


X 
RR, P-l 
SABM 
'J 
FRMR(ll 
FRMR(WI 


TO 52 
TO $2 
TO 52 
TO 52 
TO 52 
TO 54 
TO 511 
TO 52 
TD SJ 
TO 53 


TO 510 
5ABM 
5ABM 
5ABM 
5ABM 
5ABM 
DI5C 
X 
"J 
RNR, p,,- I 
5ABM 
RNR, F-,-P 
FRMR(ZI 
FRMRIW) 


TO 52 
TO 52 
TO 52 
TO 52 
TO 52 
TO 54 
TO 55 
TO 511 
TO 52 
TO SJ 
TD SJ 


- 
5ABM 
5ABM 
5ABM 
5ABM 
5ABM 
DI5C 
I 


RNR, F 
P 
X 
RR, P-1 
5ABM 
'J 
FRMR(l) 
FRMRjWI 


, 
TO 52 
TO 52 
TO 52 
TO 52 
TO 52 
TO 54 
TO 510 
TO 512 
TO 52 
TO 514 
TD SJ 
TOSJ 


- 
5ABM 
5ABM 
5ABM 
5ABM 
5ABM 
DI5C 
X 
'.J 
RNR, 
P-l 
5ABM 
RNR, F-P 
FRMR(l) 
FRMRIW) 
TO 52 
TO 52 
TO 52 
TO 5? 
TO 52 
TO 54 
TO 59 
TO 513 
TO 52 
TO 53 
TO 53 


TO 513 
5ABM 
5ABM 
5ABM 
5ABM 
5ABM 
DI5C 


X 
"J 
RNR. P-l 
5ABM 
RNR, F,-P 
FRMRIZI 
FRMR(WI 


TO 52 
TO 52 
TO 52 
TO 52 
TO 52 
TO 54 
TO 57 
TO 52 
TO S3 
TO 53 


- 
5ABM 
5ABM 
5ABM 
5ABM 
5ABM 
DI5C 
RNR, ~ 
P 


X 
RR, P-l 
5ABM 
'J 
FRMR(ZI 
FRMR(WI 


TO 52 
TO 52 
TO 52 
TO 52 
TO 52 
TD 54 
TO 513 
TO 52 
TO S3 
TO 53 


- 
5ABM 
5ABM 
5ABM 
5ABM 
5ABM 
DI5C 
X 
.'J 
RNR. 
P-I 
5ABM 
RNR, F ,-p 
FRMRIZ) 
FRMR(WI 
TO 52 
TO 52 
TO 52 
TO 52 
TO 52 
TO 54 
TO 512 
TO 52 
TO 53 
TO 53 


- 
5ABM 
SABMJ 
SABM 
5ABM 
5ABM 
DI5C 
RNR, F 
P 


X 
RR, P 
1 
5ABM 
If p,,- 1 
FRMR(ZI 
FRMR(W) 
TO 52 
TO 52 
TO 52 
TO 52 
TO 52 
TO $4 
TO 510 
TO 512 
TO 52 
h. 
RR, f 
1 
TD S3 
TO 53 


The Motorola 
MC68606 
Multi-Link 
LAPD 
(MLAPDI 
protocol 
controller 
is an in- 
tegrated 
circuit 
implementing 
the link access procedure 
(LAPDI 
protocol. 
LAPD 
is the proposed 
protocol 
for use at the link layer (ISO-Layer 
2) for both signalling 
and data transfer 
applications 
in Integrated 
Services 
Digital 
Network 
(ISDN) 
con- 
figurations. 
The LAPD protocol 
is specified 
in CCITI 
Recommendation 
0.920/ 
0.921. 


Current 
product 
implementations 
of this link level protocol 
are accomplished 
with 
firmware. 
This significantly 
loads the local processor, 
and presents 
limita- 
tions to both the maximum 
potential 
throughput 
of data and to the number 
of 
logical 
links which 
may be supported 
by such packet 
data interfaces. 
A generic 
view of where 
the MLAPD 
device can be used to interconnect 
a diversity 
of data 
endpoints 
in a high speed packet 
switch 
network 
is shown 
in Figure 1. The data 
links illustrated 
could 
differ 
functionally 
and provide 
data rates in the range of 64 
kbps to 2.048 Mbps. 
The MLAPD 
functions 
as an intelligent 
peripheral 
device to a central 
process- 
ing unit (CPUI in a microcomputer 
system. 
An on-chip 
DMA 
controller 
transfers 
data packets 
to and from 
a buffer 
memory. 
A microcoded 
buffer 
management 
scheme 
queues packets 
during 
transmission 
and reception. 
All link management 
duties 
are handled 
by the MLAPD 
device to maximize 
the bandwidth 
available for 
CPU operation 
and to increase the throughput 
for packet data transfer. 
This 
VLSI 
implementation 
provides 
a cost effective 
solution, 
while encouraging 
a uni- 
versal implementation 
of the LAPD protocol. 
Key features 
of the MLAPD 
device 
include: 


• 
Full Implementation 
of CCITI 
Recommendation 
0.920/0.921 
Link Access 
Procedure 
(LAPDI 
with 
Independent 
Generation 
of Commands 
and 
Responses for Each Logical 
Link 
• 
Control 
of up to 8192 Logical 
Links Using a Memory- 
8ased Architecture, 
Wherein 
the Protocol 
Controller 
and the Supervising 
Microprocessor 
Communicate 
Through 
Shared 
Memory 
• 
Reliable, 
Inter1eaved Data Transfers 
for Multiple 
Logical 
Links with 
the Following 
Protocol 
Actions: 


HDLC framing 
with 
zero-bit 
insertion/deletion 
for a serial bit stream; 
or optional 
parallel 
assist mode where zero insertion/ 
deletion 
is 
disabled 
and frame 
delineation 
is provided 
by 
external 
pins for supporting 
a parallel 
interface 
to the physical 
level. 
Error control 
using a 16-bit CRC. 


Flow control 
to prevent 
data from 
accumulating 
at the receiving 
end faster than the data can 
be processed. 


• 
Termination 
of a Non-Channelized 
Serial Bit Stream 
with 
an Aggregate 
Rate in Excess of 2.048 Mbps or 
Optional 
Memory-to-Memory 
Operation 
Allowing 
the MLAPD 
to Act as a LAPD Controller 
Independent 
of the System's 
Physical 
Level 
Characteristics 


Multi-Link 
LAPD (MLAPD) 
Protocol Controller 


o 


lACK 


nNTA)o 
BG 


IHOLOA) 
o 
RM 
iWii)o 


BGACK 
(iiii)o 


LOS 


lBHE)o 


GNO 


Technical 
Summary 


RC SUFFIX 
PIN GRID ARRAY 
(84 PIN) 
CASE 793 


PIN GRID 
ARRAY 


0 
0 
0 
0 


VOO 
RCLK 
VOO 
A23 


0 
0 
0 
0 


RTSf 
TxO 
VOO 
A20 


TSTART 
0 
0 
0 
0 


CTSf 
GNO 
TCLK 
A22 


RSTART 


0 
0 
0 


A21 
GNO 
A18 


0 
0 
0 


A19 
All 
A15 


0 
0 
0 


A16 
VOO 
A14 


0 
0 
0 


A13 
A12 
GNO 


0 
0 
0 


A9 
All 
A10 


0 
0 
0 


A8 
VOO 
GNO 


0 
0 
0 


VOO 
A5 
A7 


0 
0 
0 


Al 
GNO 
A6 


0 
0 
0 


015 
A2 
A4 


0 
0 
0 


013 
014 
A3 


10 


NP426 


o 
MOTOI 
iNfo 


GNO 


o 
IRO 


IINTR)o 


OTACK 


{REAOY) 
o 


UOS/AO 


IAO)o 
AS 
0 
0 
0 
0 


GNO 
VOO 
010 
012 


0 
0 
0 
0 


05 
GNO 
09 
GNO 


0 
0 
0 
0 


06 
07 
08 
011 
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• 
Supports 
User Prioritization 
of I Frame and XID/UI 
Frame 
Transmission 
• 
Supports 
Optional 
Receive and Transmit 
of a User-Defined, 
Non-Standard 
LAPD 
Unnumbered 
(U) Frame 
• 
On-Chip, 
Content-Addressable 
Memory 
(CAM) 
Provides 
Address 
Translation 
for Up to 16 Logical 
Links. When 
Supporting 
More Than 
16 Logical 
Links, Translation 
is 
Provided 
Via a Translation 
Table in Shared 
Memory 
• 
Provides 
Error/Statistical 
Counters 
and 
Maskable 
Interrupts 
to the Level 3 Process 
• 
Supports 
Optional 
Non-Protocol 
Mode 
on a Per-Logical 
Link 
Basis, 
Which 
Allows 
the 
Host 
to 
Receive 
and 
Transmit 
Frames 
Without 
Application 
of 
the 
LAPD 
Procedures 
by the MLAPD 
• 
Supports 
Promiscuous 
Receive Mode in Which the MLAPD 
Receives 
All 
Frames 
From the 
Line and Transfers 
the 
Entire Frame to Memory 
• 
System 
Interface 
Tailored 
for 
Different 
Microprocessor 
System 
Implementations: 


Motorola 
M68000 
and 
Intel 
iAPX86 
Family 
Bus 
Interface 
Options 
8- and 16-Bit Data Bus Support 
Direct Addressing 
of 16 Mbytes 
of System 
Memory 


• 
Available 
in 
12.5 
MHz 
and 
16.67 
MHz 
System 
Clock 
Versions 
• 
84 Lead PGA and PLCC J-Lead 
Surface 
Mount 
Packages 
• 
1.5 Micron 
HCMOS 
Technology 


SUBSYSTEM 
ENVIRONMENT 


The MLAPD 
protocol 
controller 
provides simultaneous 
con- 
trol of a maximum 
of 8192 logical links, while under the overall 
supervision 
of a microprocessor. 
Refer to Figure 2. The host 
can be any 8- or 16-bit microprocessor 
that supports 
general 
multimaster 
bus capability, 
operating 
with either the Motorola 
M68000 family 
or the Intel iAPX86 family 
bus interface 
defi- 
nition. 
The desired MLAPD 
bus operation 
mode is determined 
by the level on the Motorola/Intel 
Mode pin. 


The MLAPD 
serial interface 
provides 
HDLC-type 
framing 
functions 
for the bit stream 
entering/exiting 
the full 
duplex 
serial interface. 
NRZ data encoding/decoding 
is implemented. 


The MLAPD 
may also be optionally 
configured 
to interface 
to 
a physical 
level which 
implements 
a parallel interface, 
such as 
a backplane 
in a switching 
controller 
or host computer 
system. 


In this mode 
zero insertion/deletion 
is disabled 
and flag se- 
quences are not generated. 
Instead, the RTS and CTS signals 
function 
as TSTART 
and RSTART, 
respectively, 
to delineate 
a frame for the transmit 
and receive data lines. 


Shared 
Memory 
Control 
Components 


The communication 
between 
the microprocessor 
and the 
protocol 
controller 
is established 
through 
command 
and data 
block structures 
stored in shared memory. 
The shared memory 


DATA 


COMMAND 


SEMAPHORE 


INT. 
VECTOR 


structures include the Global Configuration 
Block (GCBI. Log- 
ical Link Tables (LLTsl. receive and transmit 
data structures, 


and an Interrupt 
Queue. In addition to these structures, 
there 
are also four memory tables required for the implementation 
of the LAPD procedure. These tables include the Match Table, 
LLiD-LLT 
Table, Timer Table, and the Level 2 Queue. Figure 
3 shows 
a concise summary 
of the functions 
performed 
by 
these blocks. 


BLOCK 
TYPE 
PURPOSE 


GLOBAL 
CONTAINS 
POINTERS 
TO OTHER 
MEMORY 


CONFIGURATION 
TABLES. 


BLOCK 
CONTAINS 
GLOBAL 
INFORMATION 
FOR ALL 


LOGICAL 
LINKS. 


CONTAINS 
USER SYSTEM 
AND 
LINK 
OPTIONS. 


LOGICAL 
LINK 
TABLES 
CONTAINS 
SPECIFIC 
LINK 
CONTROL 
PARAME· 


TERS 
FOR THE GIVEN 
LINK. 
ALSO 
CONTAINS 


POINTERS 
TO THE RECEIVEITRANSMIT 
QUEUES. 


CONTAINS 
WORKING 
PROTOCOL 
STATUS 
FOR 


THE LINK. 


RECEIVE 
AND 
CONTAINS 
LINKED 
LIST 
OF RECEIVE 
ANO 


TRANSMIT 
QUEUES 
TRANSMIT 
FRAME 
OESCRIPTORS 
FOR I, UI, AND 


XIO 
FRAMES. 


RECEIVE 
POOLS 
LINKED 
LIST 
OF AVAILABLE 
RECEIVE 
FRAME 
OE· 


SCRIPTORS 
WITH 
ASSQCIATEO 
DATA 
BUFFERS. 


INTERRUPT 
QUEUE 
CONTAINS 
TIME 
SEDUENTIAL 
LIST 
QF INTER· 


RUPT 
STATUS 
FOR EACH 
INTERRUPT 
EVENT. 


MATCH 
TABLE 
CONTAINS 
TRANSLATION 
FROM 
OATA 
LINK 


CONNECTION 
10ENTIFIER 
10LCI) TO LOGICAL 


LINK 
IDENTIFIER 
(LlIO) 
FOR INCOMING 
FRAMES 


(EXPANOEO 
OPERATION 
MODEl. 


LliO 
TO llT 
TABLE 
TRANSLATES 
LliO 
INTO 
THE ADDRESS 
OF THE 


CORRESPONDING 
LOGICAL 
LINK 
TABLE. 


LEVEL 
2 TRANSMIT 
CONTAINS 
LEVEl 
2 SUPERVISORY 
AND 
UNNUM· 


QUEUE 
BERED 
FRAMES 
GENERATED 
BY THE 
MLAPO. 


TIMER 
TABLE 
IMPLEMENTS 
T200fT203 
FOR ALL LOGICAL 


LINKS 
THAT 
ARE IN MUlTIPLE 
FRAME 
ESTAB· 


lISHEO 
MODE 
OF OPERATION. 


During initialization, 
the host processor specifies protocol 
and system parameters and the addresses of the various mem- 
ory tables via the Global Configuration 
Block. Then the host 
programs the MLAPD controller with the address of the Global 
Configuration 
Block and commands 
the MLAPD 
to initialize 
itself by loading its internal registers from the shared memory 
tables. After this point, the host and the MLAPD communicate 
primarily via software flags and an Interrupt Queue in shared 
memory. 


Command 
Structure 
Overview 


The host issues a command to the MLAPD by first writing 
the command arguments (if any) into the command parameter 
fields in the Global Configuration 
Block in shared memory. 


Next, the host performs a write operation 
to enter the com- 


mand into the on-chip command 
register. Upon reception of 
a command, 
the MLAPD sets its on-chip semaphore register 
to the value 'FE' hex. After 
either command 
completion 
or 
command 
acceptance, 
depending on the specific command, 
the MLAPD 
sets the value of the semaphore register to 'FF' 
hex. The host must always read the semaphore register before 
writing 
a ne)N command. 
There are 32 commands which belong to one of the following 
five categories: 


Initialization- 
These commands configure the MLAPD for 
operation after a hardware or software 
reset by specifying the 
system data bus width and the location of the Global Config- 
uration 
Block in memory. 


Host/MLAPD 
Interface- 
These commands 
instruct 
the 
MLAPD 
to perform 
operations 
that are not explicitly 
named 
in the LAPD protocol, 
but which are required by the host to 
interface with the M LAPD. 


Protocol 
Handling-These 
commands 
are the primitives 
explicitly 
defined 
in the LAPD protocol. 
The protocol 
com- 
mands allow the host to set-up and resume link operation, 
as 
well as to control the flow of frames on the link. 


Protocol 
Extension 
Handling- 
These commands are not 
defined 
in the LAPD protocol. 
These commands 
allow the 
host to intercede in the normal flow of the MLAPD 
protocol 
processing. 


II 


•• 


Test/Diagnostics- 
These commands allow the host to ac- 
cess all internal MLAPD registers or to test the DMA interface. 
Figure 4 summarizes the MLAPD command set. 


Exception 
Processing 


An Interrupt Queue is located in shared memory to support 
the speed requirement 
of reporting many interrupting 
events 
occurring 
in rapid succession across the various active logical 
links. Each entry in this Interrupt 
Queue consists of a logical 
link identification 
number 
(LLlD) 
if applicable, 
and a cause 
indication. 
Each of the 31 potential interrupt sources, with the 
exception of bus error/address 
error and interrupt queue over- 


flow, 
may be individually 
masked by the host to prevent the 
reporting of a specific event. 
After 
the MLAPD 
has written 
an entry into the Interrupt 
Queue, a hardware interrupt request may be activated. If polled 
operation 
is desired, this external interrupt 
indication 
is dis- 
abled by the host during MLAPD initialization. 
If an interrupt 
acknowledgement 
cycle is to be implemented 
in an interrupt 
driven 
system, 
the 
interrupt_vector 
register 
must 
be pro- 
grammed by the host during the initialization 
procedure. The 
interrupt 
vector 
register 
is located 
on-chip 
and allows 
the 
MLAPD to return an indication of the interrupt 
cause as part 
of an interrupt 
acknowledgement 
cycle on the system bus. 


The two possible vectors reported across the bus are: 


The two possible vectors reported across the bus are: 


• 
Normal Interrupt 
• 
Severe Interrupt 
(bus error/address 
error) 


Interrupt 
information 
is written 
into the Interrupt Queue to 
fully identify the specific cause of the interrupt in either a polled 
or interrupt 
driven system. Interrupts are the principle mech- 


anism to report 
protocol 
events and errors (including 
error 
thresholds 
exceeded), 
Since the Interrupt 
Queue is circular 
and of limited size, the host is responsible for "reading" 
the 
interrupt 
information 
and maintaining 
free entries to record 
new interrupt 
events. 


Initialization 
Overview 


As a part of initialization, 
the host must: 


• 
Prepare the Global Configuration 
Block (GCB). The host 
specifies the addresses of the various memory tables in 
the GCB. The GCB is also programmed 
with 
several 
global parameters that are required to process the LAPD 
protocol 
for all links. 
• 
Clear these tables: Match Table, Interrupt 
Queue, and 
Timer Table. 


• 
Prepare the Logical Link Table(s) (LLT) with 
the local 
parameters for the Iink(s) in service. 


• 
Construct 
receive pool(s) of frame descriptors. 


COMMAID 
GRDUP 
COMMAID 
FUICTlOlAl 
DESCRIPTIDI 


INITIALIZATION 
RESET 
SORWARE 
RESET. 


SET 
BUS 
WIOTH 
B 
OATA 
BUS WIOTH 
IS B BITS. 


SET-BUS 
- WIOTH -16 
OATA 
BUS WIOTH 
IS 16 
BITS. 
- - 
- 
INIT 
MLAPO 
LOA OS REGISTERS 
FROM 
THE GCB. 


HOST/MLAPO 
OFF·lINE 
MLAPO 
ONLY EXECUTES 
HOST 
COMMANOS. 


INTERFACE 
ON·lINE 
MLAPO 
EXECUTES 
COMMANOS, 
RECEIVES 
FRAMES. 
ANO TRANSMITS 
FRAMES. 


RELOAO 
MLAPO 
LOAOS 
REGISTERS 
FROM 
RELOAOABLE 
AREA 
OF GCB. 


OUMP _STATISTICS 
MLAPO 
WRITES 
GLOBAL 
COUNTERS 
TO SPECIFIEO 
MEMORY 
AREA. 


PRESET 
STATISTICS 
MLAPO 
LOAOS 
GLOBAL 
COUNTERS 
FROM 
STATISTICS 
THRESHOLO 
AREA 
OF GCB. 


ENABLE-IRO 
ALL PENOING 
INTERRUPT 
ENTRIES 
HANOLEO. 
ENABLE 
EXTERNAL 
INTERRUPT 
SIGNAl. 


ASSIGN-POOL 
POINTER 
HOST 
HAS 
CREATEO 
A NEW RECEIVE POOl. 


PROTOCOL 
MOL_ASSIGN 
_ REOUEST 
PLACE 
SPECIFIEO 
LOGICAL 
LINK 
IN THE TEl_ASSIGN 
STATE. 


OL 
ESTABLISH 
REOUEST 
SET·UP 
LINK. 
LINK 
ENTERS 
MUlTIPLE 
FRAME 
ESTABLISHEO 
MOOE. 


OL-OATA 
REOUEST 
REOUEST 
TRANSMISSION 
OF AN 
I FRAME 
OUEUE FOR THE SPECIFIEO 
LOGICAL 
LINK. 


REllNK 
REOUEST 
FRAMES 
WERE AOOEO 
TO A OUEUE IN WHICH 
ALL FRAMES 
WERE 
'Tx 
AWAITING 
ACK'. 


GLOBAL 
XIO/u1 
REOUEST 
REQUEST 
TRANSMISSION 
OF XIO/UI 
FRAMES 
IN THE GLOBAL 
XIO/UI 
QUEUE. 


XIO/UI_ QUEUEji _REQUEST 
REQUEST 
TRANSMISSION 
OF XIO/UI 
FRAMES 
IN XIO/UI 
QUEUE 
O. 


XIO/UI 
QUEUE 
1 
REQUEST 
REQUEST 
TRANSMISSION 
OF XIO/UI 
FRAMES 
IN XIO/UI )UEU( 
1. 


MOL 
ERROR 
RESPONSE 
INOICATION 
THAT 
NO OLCI ASSIGNEO. 
THE LOGICAL 
LINK 
IS IN TEl 
UNASSIGN 
STATE. 


OL 
RElEASE 
REQUEST 
RELEASE 
LINK 
FROM 
THE MUlTIPLE 
FRAME 
ESTABLISHEO 
MODE. 


MDL 
REMOVE 
REQUEST 
REMOVE 
SPECIFIED 
LOGICAL 
LINK 
FROM 
LAPD SERVICE. 


PROTOCOL 
ACTIVATE _LL 
PLACE 
SPECIFIED 
LOGICAL 
LINK 
IN THE TEl 
UNASSIGN 
STATE. 


EXTENSION 
DEACTIVATE 
LL 
REMOVE 
DLCI·LlID 
PAIR. 
PLACE 
LOGICAL 
LINK 
IN TEl 
UNASSIGN 
STATE. 


REMOTE_STATUS 
_REQUEST 
SEND 
FRAME 
WITH 
P BIT SET TO CHECK 
REMOTE 
STATION 
STATUS 
FOR SPECIFIED 
LINK. 


SET 
LOCAL 
BUSY 
SPECIFIED 
LOGICAL 
LINK 
ENTERS 
THE LOCAL 
BUSY 
CONDITION. 


ClEAR 
LOCAL 
BUSY 
SPECIFIED 
LOGICAL 
LINK 
EXITS 
THE LOCAL 
BUSY 
CDNOITION. 


STOP_TX_I 
- 
STOP 
TRANSMISSION 
OF THE SPECIFIED 
LOGICAL 
LINK'S 
I TRANSMIT 
QUEUE. 


STOP 
GLOBAL 
XID/UI 
STOP 
TRANSMISSION 
OF FRAMES 
IN THE GLOBAL 
XID/UI 
QUEUE. 


STOP- 
XID/UI 
QUEUE 
0 
STOP 
TRANSMISSION 
OF FRAMES 
IN THE XID/UI_ QUEUE _ O. 


STOP - XID/UI- 
QUEUE -1 
STOP 
TRANSMISSION 
OF FRAMES 
IN THE XID/UI_ QUEUE 
1. 


TESTI 
DMA 
TEST 
TEST 
DMA 
OPERATION. 


DIAGNOSTIC 
DUMP 
DUMP 
ALL INTERNAL 
MLAPD 
REGISTERS 
AND 
CAM. 


• 
Construct 
the necessary entry(s) 
in the lliD-llT 
Table. 
• 
Issue a RESET command 
to the MlAPD. 


• 
Issue 
a 
SET_BUS_WIDTH_16,(8) 
command 
to 
the 
MLAPD, 
which 
specifies 
an 
8- 
or 
16-bit 
data 
bus 
configuration. 


• 
load 
the interrupt_vector 
register in the MLAPD 
device. 


• 
load 
the address of the Global Configuration 
Block into 
the data register 
in the MlAPD 
device. 


• 
Issue the INIT command 
to the MLAPD. 


The directly 
addressible 
MLAPD 
registers are shown in Fig- 
ure 5. 


Al 
A2. 15 
o 
0 
UNOEfINEO/RESERVED 


o 
1 
UNDEFINEO/RESERVEO 


COMMAND/SEMAPHORE 


INTERRUPT VECTOR 


Frame transmission 
and reception 
is enabled 
for a specific 
logical 
link after initialization 
by performing 
a Data link 
Con- 
nection 
Identifier 
(DlCn 
assignment 
procedure. 
(The DlCI 
is 
contained 
in the address 
field of LAPD frames. 
The DlCI 
is 
formed 
by the concatenation 
of the 6-bit service access point 
identifier, 
SAPI, and the 7-bit terminal endpoint 
identifier, 
TEl.) 
This logical 
link then enters a protocol-defined 
state in which 
it can receive and transmit 
unnumbered 
information 
frames. 


After 
the exchange 
of SABME 
and UA frames, 
the link set- 
up procedure 
is complete 
and the data connection 
is estab- 


lished. The MlAPD 
device is now ready to receive and transmit 
numbered 
information 
(I) frames 
that 
contain 
the 
assigned 
DlCI. 


RECEIVE 
DATA STRUCTURES 


The host maintains 
receive pools that 
contain 
free receive 
frame 
descriptors 
with 
associated 
data buffers. 
The host can 
create 
up to 8192 receive 
pools and can assign any number 
of logical 
links to the same receive pool. 
The data buffers 
in 
a pool 
must 
be of 
a length 
at 
least 
equal 
to 
the 
largest 


N201 value specified 
for any logical link assigned to the pool. 


The receive data structure 
is shown 
in Figure 6. The format 


of a receive frame descriptor 
is shown 
in Figure 7. 


A receive pool must always 
contain 
at least one frame 
de- 


scriptor. 
The last frame 
descriptor 
in the 
pool 
is the 
pool_ 


dummy 
frame descriptor 
and the last_in _pool bit in this frame 
descriptor's 
control 
bits 
entry 
is set. 
When 
the 
receive 
pool 
pointer 
points to this pool 
dummy 
frame descriptor, 
the 
receiVe pool is defined 
to be empty. 


The host can add frame 
descriptors 
to a receive 
pool dy- 


namically. 
The host maintains 
a user_Rx_pool tail_pointer 
for 
each 
receive 
pool, 
which 
points 
to the pool_dummy 
frame 
descriptor, 
for this 
operation. 
The host 
may also request 
a 
red _line interrupt 
when 
the MlAPD 
uses a frame 
descriptor 
near the end of the 
receive 
pool, 
allowing 
the 
host to add 
frame 
descriptors 
to avoid a receive busy condition. 
3 


After 
creating 
a receive pool, the host specifies 
a receive_ 


pool 
pointer, 
which 
is the address of the first frame descriptor 
in the receive pool, and issues an ASSIGN_POOL_POINTER 
command 
to 
cause 
the 
MLAPD 
to 
load 
the 
receive_pool_ 


pointer 
into 
the 
Receive 
Pool 
Pointers 
Table. 
The 
MLAPD 
stores the first sixteen receiveyool_pointers 
(0 to 15) on-chip 
and stores any additional 
receive_poolyointers 
(16 to 8191) 
in the 
Receive 
Pool Pointers 
Table in shared 
memory. 
The 
address 
of the memory 
table 
is specified 
by the host in the 
Global Configuration 
Block. 
The host assigns each logical 
link to a receive pool via the 
receive_pool_number 
entry 
in the 
link's 
llT. 
During 
frame 
reception, 
the 
MLAPD 
uses the receive _pool_number 
entry 
for the addressed 
link as an offset into the Receive Pool Point- 


ers Table to locate 
the first 
receive 
frame 
descriptor 
in the 
assigned 
pool. Refer to Figure 8. When the frame is success- 
fully received, the MLAPD 
indicates the frame type and stores 
the associated 
lliD 
in the receive frame descriptor. 
Then the 
MLAPD 
reads the next_ rx_frame descriptor 
entry in this frame 
descriptor 
and updates 
the receive _pool_pointer 
for this pool 
in the Receive 
Pool Pointers 
Table. Although 
the linkage 
to 
the receive pool is not broken, 
the frame descriptor 
can now 
be considered 
part of a receive queue. 
All logical 
links that 
share the same receive pool will also share a common 
receive 
queue. It is the responsibility 
of higher level software 
to remove 
valid frames from the receive queue and eventually 
return the 
frame descriptors 
to the receive pool. 
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RECEIVE POOl POINTERS TABlE 
RECEIVE POOL NUMBER 1 
RECEIVE POOL POINTER 101 
RECEIVE POOL POINTER 111 
· 
... 
· 
lOGICAL LINK TABLE 
· 
" 
IlllO=4) 


RECEIVE POOL POINTER 1151 


RECEIVE POOL NUMBER 1 


RECEIVE POOL POINTER 116) 
RECEIVE POOL POINTER 117) 


RECEIVE POOL POINTER 118} 


[ 


CONTROL 
BITS 


OATA INOICATION 


REO LINE 
lAST IN POOL 


] 
USEO ONLY IN 


PROMISCUOUS RECEIVE MOOE 


RECEIVE POOL 8191 


RECEIVE POOL B190 
RECEIVE POOL B1B9 


Information 
Frame 
Reception 


As the first step in the receive process, the MLAPD 
must 
determine 
whether 
the DLCI in an incoming 
frame has been 
assigned to an active logical link by Level 3. When the ex- 
panded system operation 
mode is selected by the host, the 
MLAPD uses the incoming DLCI as an offset into the external 
Match 
Table. If this entry is marked as invalid, then the in- 
coming 
DLCI has not been assigned to a logical link and the 
frame is ignored. 
An error counter 
is also incremented. 
The 
receive process for expanded system operation mode is shown 
in Figure 9. 


If the DLel 
entry is marked as valid, 
then the entry also 
contains 
an 
associated 
logical 
link 
identification 
number 
(LLlD). (Level 3 defines a 13-bit logical link identification 
num- 
ber corresponding to each active DLCI. The LLiD is used during 
link level processing and is only of local significance. 
The LLiD 
serves to' reduce the external memory requirements for LAPD 
processing.) 
The MLAPD 
uses the LLiD as an offset into the 
LLiD-LLT Table to locate this link's Logical Link Table (LLT). 
The MLAPD 
accesses the link's 
LLT to obtain 
the specific 
protocol 
parameters for this link which are required for sub- 
sequent protocol processing of the received frame. In the case 


of an information 
bearing 
frame, 
the 
MLAPD 
uses the 
re- 
ceive 
pool 
number 
entry in the LLT as an offset 
into the Re- 
ceive -Pool-Pointers 
Table to locate the first available 
receive 
frame descriptor 
for this logical link. IThe first 16 pool pointers 
are stored on-chip 
to reduce the number 
of memory 
accesses 
for the receive operation.) 
If the receive pool associated 
with 
this 
logical 
link is empty 
or the link's 
local 
busy flag 
is set, 
then 
a Level 2 frame 
IRNR) 
is queued 
for transmission 
and 
the data is ignored. 
Otherwise 
the MLAPD 
continues 
to pro- 
cess the I frame 
by comparing 
the NIS) 
to the logical 
link's 
state variable 
VIR), 
also contained 
in the LLT. If the frame 
is 
in sequence, 
then the information 
field is transferred 
through 
the receive FIFO into the receive buffer. 
An out-of-sequence 
frame 
causes a Level 2 frame 
IREJ) to be queued 
for trans- 


mission 
and the out-of-sequence 
frame's 
information 
field 
is 
discarded. 
A frame 
received 
with 
an invalid 
NIR) 
causes 
a 
Level 2 frame 
IFRMR) 
to be queued 
for transmission 
(when 


...,{ 


the Tx 
FRMR 
select option 
is enabled) 
and the information 
field of the frame with 
an invalid 
NIR) is discarded. 
Lastly the MLAPD 
checks the CRC of the incoming 
frame. 


If no CRC error is detected, 
the MLAPD 
updates the LLT state 
variable 
VIR) 
and 
acknowledges 
the 
frame 
reception 
by 
queuing 
a RR or RNR frame for transmission. 


Zero deletion 
is performed 
throughout 
the reception 
pro- 
cess. The MLAPD 
requests the system bus when there are at 
least four words 
in the receive 
FIFO. Frames are received 
in 
sequence as long as memory buffers are available and adequate 
bandwidth 
is provided 
for DMA 
on the system 
bus. 
When the application 
is limited to supporting 
16 logical links 
or less, the host selects 
on-chip 
system 
operation 
mode. 
In 
the on-chip 
operation 
mode, the DLCI match operation 
is per- 


formed 
by an internal 
CAM circuit, 
reducing 
external 
memory 
requirements. 
Figure 10 shows 
how the MLAPD 
uses the re- 


ceived 
DLCI field to search the CAM 
as part of the receive 
process. 
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XIO/UI 
Frame 
Reception 


The MLAPD 
handles 
reception 
of exchange 
identification 
(XID) 
frames, 
unnumbered 
information 
(Ull 
frames, 
and 
frames containing 
a user-defined 
non-standard 
control 
field in 
a similar manner as I frame 
reception. 
Received XID, 
UI, and 
non-standard 
_control 
frames 
are placed 
in the logical 
link's 
receive 
queue. 
To differentiate 
between 
types 
of 
received 
frames 
in the 
receive 
queue, 
the 
MLAPD 
encodes 
the fra- 
me_type 
bits in each receive frame 
descriptor. 


Collecting 
Received 
Frames 


The user must 
maintain 
a user 
Rx next 
pointer 
for each 
queue that points to the first receiVe frame to be collected 
by 
the host. The host collects 
received frames 
by traversing 
the 
linked 
list 
of 
frame 
descriptors 
until 
a frame 
descriptor 
is 
reached 
with 
frame_type 
bits 
indicating 
that 
this frame 
de- 
scriptor 
still belongs to the receive pool and has not been used 
for frame 
reception. 
The host may set the data 
indication 
bit 
in this frame descriptor 
to request an interrupt 
o-n the removal 
of this frame descriptor 
from the receive pool. After collecting 
receive 
frames, 
the 
host 
should 
update 
the 
user 
Rx_next_pointer. 
- 


TRANSMIT 
SERVICING 
SCHEME 


The MLAPD 
services several transmit 
queues. 
The frames 
in any single queue can be categorized 
as: Level 2 generated 
frames, 
XID/UI 
frames 
(including 
non-standard 
_control 


frames), 
or numbered 
information 
(I) frames. 
A fixed 
internal 
servicing 
scheme 
determines 
when 
each transmit 
queue 
is 
handled. 


The highest 
priority 
transmit 
queue is the Level 2 Transmit 
Queue. The Level 2 Queue contains 
unnumbered 
(U) and su- 
pervisory 
(5) frames generated 
by the MLAPD 
in response to 
received 
frames 
and host commands. 
These frames 
are re- 
ferred to as "Level 
2 frames". 


The next lower priority 
transmit 
queue contains 
XID and UI 
frames for transmission 
on the logical link specified in the frame 
descriptor. 
It is recommended 
that 
system 
implementations 
use this 
Global 
XID/UI 
Queue for frames 
generated 
by the 
Level 3 management 
entity. 


The lowest 
priority 
transmit 
queues contain 
either 
I frames 
or XID/UI 
frames. 
The MLAPD 
supports 
up to four transmit 
I frame 
queues 
(I frame 
Queues 
0-3) 
and up to two 
XID/UI 
queues 
(XID/UI 
Queues 
0,1). 
The user defines 
the 
relative 
servicing 
for these six queues by the MLAPD 
transmit 
task by 
programming 
a scan length for each queue. 
The scan length 
defines the maximum 
number of frames to be transmitted 
from 
the queue before switching 
to service the next queue. 
When 
a scan length of zero is programmed, 
the corresponding 
queue 
is never serviced. 
In this way the user can implement 
zero, 
one, two, 
three, 
or four queues for I frame transmission, 
and 
zero, one, or two queues for XID/UI 
frame transmission. 


Before each frame from the lowest 
priority 
queues is trans- 


mitted, 
the MLAPD 
transmits 
all frames in the Level 2 Queue 
and all frames 
in the Global XID/UI 
Queue. 
The MLAPD 
ser- 
vices the lowest 
priority 
queues 
in round 
robin fashion. 
The 
MLAPD 
transmit 
servicing 
scheme is shown 
in flowchart 
form 
in Figure 11. 
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I Frame 
Queues 
and 
Logical 
Link 
Transmit 
Queues 


Each I frame Queue is organized 
as a linked list, where the 
linkage 
mechanism 
is implemented 
by 
each 
queued 
link's 
Tx_next_LLT 
entry in its associated 
Logical 
Link Table (LLTI. 


To minimize 
context 
switching, 
each link has its own transmit 
queue 
for 
I frames. 
The Tx 
next 
pointer 
entry 
in each LLT 
points to the first frame descriptor in the link's transmit 
queue. 


An I frame 
Queue is shown 
in Figure 12. 


The host assigns each logical link to one of the four I frame 
Queues for all its numbered 
information 
frame transmissions. 


When the logical link's transmit 
queue is linked to its assigned 
I frame 
Queue, 
the pending 
I frames 
can be transmitted 
as 
part of the MLAPD 
transmit 
servicing 
scheme. 


I Frame 
Transmission 
Queueing 


When 
the host has data ready for transmission 
on a logical 
link, the host prepares 
one or more frame 
descriptors 
which 
contain 
information 
required 
by the MLAPD 
to transmit 
the 
associated frame(s). 
The format 
of a transmit 
I frame descriptor 
is shown 
in Figure 
13. The 
host 
then 
links 
the 
frame 
de- 


scriptor(s) 
to the desired 
logical 
link's 
transmit 
queue. 
The 
transmit 
queue structure 
for numbered 
I frames 
is shown 
in 
Figure 
14. If the logical 
link's 
transmit 
queue is empty 
when 
the new frame 
descriptor(s) 
is (arel linked to the queue, 
the 
host must issue a DL DATA 
REQUEST command 
for this link 


ON·CHIP REGISTERS 


I FRAME OUEUE_i HEAO PTR 


I FRAME ~UEUE i TAIL PTR 


and specify 
the head of the transmit 
queue. 
This command 
causes the MLAPD 
to place this logical link into its assigned 
I frame 
Queue for transmit 
servicing. 
However, 
if frames are 
waiting 
for transmission 
in the link's transmit 
queue when the 
new frame 
descriptor(s) 
is (arel added, 
the linking 
of the de- 


scriptor(sl 
is sufficient 
for the associated 
frame(s) 
to be trans- 


mitted. 
If all the 
frames 
for 
this 
logical 
link 
were 
already 
transmitted 
but there are still some frames awaiting 
acknowl- 
edgement, 
the 
host must 
issue a RELINK 
REQUEST 
com- 
mand to enable transmission. 
- 


MLAPD 
I Frame 
Queue 
Processing 


When 
an information 
frame 
is to be transmitted 
from 
an I 
frame Queue, the MLAPD 
first fetches the link's context 
from 
its associated 
Logical 
Link Table 
(LLT). 
This 
context 
infor- 
mation 
is used to build the address and control 
fields for the 
frame, 
which 
are then 
placed 
in the 
transmit 
FIFO. 
The 
Tx 
next 
pointer 
entry in the LLT identifies 
the address of the 
ne;t 
I frame 
descriptor 
to be handled. 
The MLAPD 
uses in- 
formation 
contained 
in this frame descriptor 
to locate the data 
to be sent, and then transfers 
this data into its transmit 
FIFO. 


As the 
MLAPD 
sends 
the 
frame, 
zeros are inserted 
when 
necessary for transparency 
and the MLAPD 
attaches 
a frame 
check 
sequence 
to complete 
the frame. 
After 
frame 
trans- 
mission, 
V(SI is updated and T200 is started if it is not already 
running. 
The MLAPD 
sets the transmit 
bit in the frame 
de- 
scriptor 
and updates 
the Tx _next_pointer 
entry. 


LOGICAL LINK TABLE 
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EMPTY 
ACKNOWLEDGE 
TRANSMIT 


[ 


CONTROL BITS 


- 
LAST 
HEADER VALID 


**Contains 
frame 
type and LLiD for XID/UI 
frames. 


Contains 
CRC enable and address enable bits for non-protocol 
links. 


Transmission begins when ten bytes are present in the trans- 


mit FIFO, in addition to the address and control fields, or when 
the entire frame 
is present 
in the transmit 
FIFO. Between 
frames the M LAPD transmits the user selected number of pad 
flags. Additional 
flags may be transmitted, 
until the require- 


ments for start of transmission 
are met. While transmitting 
a 
frame, the MLAPD 
requests the system bus when there are 
six to eight empty bytes in the transmit 
FIFO. 
The MLAPD 
continues 
transmitting 
frames for the- same 
logical link until One of the following 
events occur: 


• 
The logical link's transmit queue is exhausted; 
• 
The 
M LAPD 
transmitter 
switches 
to service 
another 
queue according to the transmit 
servicing scheme. 


The MLAPD may also temporarily remove this link's transmit 


queue from its I frame Queue as the result of link conditions 
and host commands. 
The link conditions 
that cause removal 


are: 


• 
Remote busy condition; 
• 
Outstanding 
remote 
status 
request 
(command 
frame 
sent with poll bit set to one); 
• 
Outstanding 
frames limit (K); 


• 
Link reset; 


• 
Timer recovery condition. 


Stopping 
I Frame Transmission 


At any time, the host may instruct 
the MLAPD 
to imme- 


diately suspend all transmit activity for a logical link's transmit 
queue by issuing a STOP TX I command. Upon receiving this 
command, the MLAPD aborts any current frame transmission 
for this link and removes the specified link from its assigned 
I frame Queue. The host is later notified when all outstanding 
acknowledgments 
have been received. At this point, the host 
is free to manipulate the transmit queue as desired, since the 
MLAPD 
is deactivated 
for that queue. This stop mechanism 
may be used to provide faster servicing of certain I frames or 
this mechanism may be necessary for various types of error 
recovery. 


Collecting 
Acknowledged 
I Frames 


To collect 
acknowledged 
frames, 
the host reads the sta- 
tus_bits in each frame descriptor, 
beginning 
with the frame 
descriptor 
indicated 
by the 
user Tx next confirm 
pointer. 


When the acknowledge 
bit is set, the-associated 
data buffer 
has 
been 
transmitted 
and 
acknowledged. 
Acknowledged 
frames may be collected by the host dynamically 
(while other 
frames await acknowledgement) 
or after being notified by the 
MLAPD 
that all frames in the queue are acknowledged 
via a 
DL_data_confirmation 
interrupt. 
The host should update the 
user_Tx_next_confirm_pointer 
after each frame is collected. 


XID/UI 
FRAME 
TRANSMISSION 
PROCESS 


XID/UI 
Transmit 
Servicing 


An XID/UI 
frame may be an unnumbered 
information 
lUll 
frame, an exchange identification 
(XID) frame, or a frame with 
a user-defined 
non-standard 
control field. In most ISDN ap- 
plications 
it is anticipated 
th1lt these frames will be used in- 


frequently 
by Level 3 entities. However in some applications, 


such as bridges which 
interface 
to connection less-oriented 
networks, 
UI frames may be used heavily for data transfer. 
To address the varying usage of XID, UI, and non-standard- 
_control 
frames, 
the MLAPD 
provides two 
methods of ser- 
vicing XID/UI 
queues. When frames are queued to the Global 
XID/UI 
Queue, the MLAPD 
will transmit 
all pending frames 


each time this queue is serviced. When frames are queued to 
either XID/UI 
Queue 0 or XID/UI 
Queue 1, the MLAPD will 
transmit 
only the number of frames specified 
by the corre- 


sponding 
user-defined 
scan length. 
It is recommended 
that 
the Global XID/UI 
Queue be reserved for management infor- 


mation exchange. 


All XI DIUI queues are linked lists of frame descriptors, where 
the frame descriptor specifies the logical link associated with 
the queued frame and the frame type. The structure 
of the 
XID/UI 
queues is shown in Figure 15. 


XID/UI 
Frame Transmission 
Queueing 


When 
XID/UI 
(or 
non-standard 
controll 
information 
is 
ready for transmission on a logical link 
the host prepares one 
or more frame descriptors which contain the information 
re- 


quired by the MLAPD to transmit the frame(sl. 
Then the host 
links the frame descriptor(s) to the appropriate XID/UI 
queue, 
depending 
on the servicing 
desired by the host for these 
frames. If the queue is empty when the new frame descriptor(s) 
is (are) linked, the host must issue the appropriate command 
(GLOBAL 
XID/UI 
REQUEST, XID/UI 
QUEUE 0 REQUEST, 


or XID/UI- QUEUE 1 REQUEST) and specify the -head of this 
queue. When this command is issued, the MLAPD places the 
corresponding 
XID/UI 
queue 
into 
the 
transmit 
servicing 
scheme. 
If frames are awaiting 
transmission 
when the new 
frame descriptor(s) 
is (are) added, the linking of the frame 
descriptor(s) 
is sufficient 
for the associated framers) 
to be 
transmitted. 


MLAPD 
XID/UI 
Queue 
Processing 


When 
an XID/UI 
or non-standard 
control 
frame is to be 
transmitted, 
the MLAPD 
uses the LLID entry in the frame 
descriptor to index into the LLiD-LLT Table to obtain the ap- 
propriate 
DLCI for the frame. The MLAPD 
places this DLCI 
and the correct control field into its transmit 
FIFO. Next, the 
address of the frame data is read from the frame descriptor 
and the MLAPD transfers this data into the transmit FIFO. As 
the frame is transmitted, 
zeros are inserted when necessary 
for transparency. 
CRC is calculated and appended to complete 
the frame. 


II 
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Stopping 
XIO/UI 
Frame Transmission 


At any time the host may instruct the MlAPO 
to immediately 
suspend all transmit activity for the Global XIO/UI 
Queue, for 
XIO/UI 
Queue 0 or for XIO/UI 
Queue ,. This result is pro- 


duced 
by the -corresponding 
STOP TRANSMIT 
command 
(STOP GLOBAL XID/UI, 
STOP XID/LJI QUEUE 0, or STOP 
XID/UI 
QUEUE-'). 
Upon recei';-ing one- of these commands~ 
the 
MLAPD 
aborts 
any current 
XID/UI 
(or non-standard- 
control) 
frame transmission and does not service additional 
XID/UI 
frame descriptors in the specified queue. At this point, 
the host is free to manipulate the queue as desired, since the 
MlAPD 
is deactivated for that queue. This stop mechanism 
may be used to provide faster servicing of certain XID, UI, or 
non-standard _control 
frames for a particular 
logical link, or 
this mechanism may be necessary for various types of error 
recovery. 


Collecting 
Transmitted 
XIO/UI 
Frames 


The collection of transmitted 
XID/UI 
frames is the same for 
all three XID/UI 
Queues. To collect transmitted 
frames, the 
host reads the status 
bits in each frame descriptor, 
beginning 
with 
the 
frame 
descriptor 
indicated 
by 
the 
user XIDI 
UI Tx next confirm 
pointer associated with the queue. When 
either -the 
positive 
confirmation 
bit or the negative 
confir- 
mation bit is set, the associated data buffer has been handled 
by the MLAPD. 


The positive 
confirmation 
bit indicates that the associated 
data buffer has been transmitted, 
while the negative _confir- 


mation bit indicates that the associated data buffer cannot be 
transmitted. 
A negative indication is generated when a frame 
transmission is requested in conflict with the services available 
in the current link state (TEl UNASSIGN or EST WAIT 
TEl). 


The 
host 
should 
later 
resubmit 
the 
Dl 
UI 
frame 
for 
transmission. 
Transmitted 
frames may be collected by the host dynami- 
cally (while other frames await transmission) 
or after being 
notified by the MLAPD via an XID/UI 
confirmation 
interrupt 
that all frames in the queue have been-sent. After each frame 
is collected 
from an XID/UI 
queue, the host should update 
the associated user XID IUI_Tx_next_confirm _pointer. 


NON-PROTOCOL 
LINKS 


The MLAPD can simultaneously support links which operate 
according to the LAPD protocol and links which do not operate 
according 
to the lAPD 
protocol. 
The host specifies that the 
link will operate in non-protocol 
mode by programming 
the 
non-protocol 
select bit in the link's logical 
link Table. When 
supporting 
a-non-protocol 
link, the MLAPD 
functions 
as a 
HDlC 
framer with DMA capability. 


Queueing 
Frames for Transmission 


To queue frames for transmission 
on a non-protocol 
link, 


the host first creates a transmit 
queue. The structure 
of the 
transmit queue is identical to a transmit queue which is used 
for I frames for 
lAPD 
links. To enable transmission 
of the 
transmit 
queue for 
a non-protocol 
link, 
the host 
issues a 
Dl 
DATA REQUEST command which causes the MLAPD to 
place this k>gicallink into its assigned I frame Queue for trans- 
mit servicing. If the host adds frames to a non-empty transmit 
queue, the linking of the frame descriptor(s) 
is sufficient 
for 


the associated frames to be transmitted. 
Note that for non- 


protocol 
links, the MLAPD does not recognize any incoming 
acknowledgements 
and the RElINK_REQUEST 
command 
is 


not meaningful. 


MLAPO 
Frame Transmission 


When a frame is to be transmitted 
for a non-protocol 
link, 


the MLAPD first fetches the link's context from its llT. 
Then, 


based upon the transmit 
address enable bit in the frame de- 


scriptor, 
the MLAPD 
mayor 
may not append the DlCI 
as- 


sociated with this logical link to the beginning of the transmit 
frame. Next the MLAPD uses the information 
contained in the 
frame descriptor 
to locate the transmit 
memory buffer, 
and 
then transfers 
this information 
into 
its transmit 
FIFO. The 
MlAPD 
transmits the frame inserting zeros when necessary 
for transparency. 
After the transmit buffer is transmitted, 
the 


MLAPD 
mayor 
may not append a CRC to the frame, based 
upon the transmit 
CRC enable bit in the frame descriptor. 
Transmission begins when ten bytes are present in the trans- 


mit FIFO or when the entire frame is present in the transmit 
FIFO. Between frames the MLAPD transmits the user selected 
number of pad flags. Additional flags may be transmitted, 
until 
the requirements for start of transmission are met. While trans- 
mitting 
a frame, the MLAPD 
requests the system bus when 
there are six to eight empty bytes in the transmit 
FIFO. 


Once the MLAPD 
begins handling 
a non-protocol 
link's 


transmit queue, the MLAPD will continue servicing the queue 
until all frames are transmitted 
or until the scan length asso- 


ciated with the I frame Queue is exhausted. 


Stopping 
Frame Transmission 


At any time, the host may instruct 
the MLAPD 
to imme- 


diately suspend all transmit activity on a non-protocol 
link by 


issuing a STOP TX I command. 
Upon receiving 
this com- 


mand, the MLAPD ahorts any current frame transmission for 
this link and does not service additional frame descriptors. 
At 


this point, the host is free to manipulate the transmit 
queue 
as desired, since the MlAPD 
is deactivated for this link. This 
stop mechanism may be used to provide faster servicing of 
certain frames for this link or this mechanism may be necessary 
fo. various types of error recovery. 


Collecting 
Transmitted 
Frames 


To collect transmitted frames, the host reads the status 
bits 
in each frame descriptor, 
beginning with the frame descriptor 
indicated 
by the user Tx next confirm 
pointer. 
When 
the 
transmit bit is set, the associated data b;;-ffer has been trans- 
mitted. Transmitted 
frames may be collected by the host dy- 
namically (while other fram.esawait transmission) or after being 
notified by the MLAPD that all frames in the queue are trans- 
mitted via a Dl 
data confirmation 
interrupt. 
The host should 
update the use;- Tx· ~ext confirm 
pointer after each frame is 
collected. 
- 
- 
- 
- 


Receive 
Structures 


The 'receive structures 
for a non-protocol 
link are identical 
to the structures for a lAPD 
link. A non-protocol 
link is as- 


signed 
to 
a receive 
pool 
by the 
host 
using 
the 
receive 
pool_number entry in the link's llT. 
Any number of links may 


share a receive pool, although it is anticipated that most system 


implementations 
will not assign LAPD links and non-protocol 
links to the same receive pool. Note that the N201 value spec- 
ified for a non-protocol 
link defines the maximum 
length for 
a received frame. 


MLAPD 
Frame 
Reception 


As an incoming 
frame is received in on-chip system oper- 


ation mode, the DlCI 
field in the frame is compared 
to the 
on-chip CAM to identify the corresponding 
logical link, if any. 


In expanded 
system operation 
mode, the MlAPD 
accesses 
the external Match Table to determine the associated logical 
link. If no DlCI 
match is found, 
then the incoming 
DlCI 
has 
not been assigned to a logical link, and the frame is ignored. 


If a DlCI 
match 
is found, 
the corresponding 
entry in the 
Match Table or CAM specifies both the lliD 
and whether the 
link is assigned to lAPD 
protocol 
operation 
or non-protocol 
operation. 
If the frame is for a non-protocol 
link, the MLAPD 
proceeds to locate a free buffer to store the information 
be- 
tween the opening and closing flags of the frame, minus the 
16-bit address field. 
(The associated 
lliD 
is written 
into the 


frame descriptor.l 
The MLAPD locates the link's receive pool 
by using the link's receive_pool_number 
llT 
entry to index 


into the Receive Pool Pointers Table. If the receive pool as- 
sociated with this logical link is empty, then the frame is ignored 
and a local busy interrupt 
is generated. 


Otherwise the MLAPD begins to transfer the frame into the 
memory buffer. During frame reception, the MLAPD performs 
zero deletion, 
checks for receive errors, 
and calculates 
the 
CRC. The host may save erroneous frames for inspection based 
upon a non-protocol 
error 
mask. For non-protocol 
links, the 
host may also choose to have the MLAPD 
access multiple 
receive buffers as needed to store a received frame. 


PROMISCUOUS 
RECEIVE 
MODE 


Promiscuous receive mode is a special case of non-protocol 
link operation. 
This mode only affects 
the MLAPD 
receiver 
operation; 
the MLAPD 
transmitter 
operation 
is not affected. 


When promiscuous receive mode is selected, the MLAPD does 
not perform 
LAPD frame processing 
on the incoming 
serial 
bit stream. The MLAPD 
strips flags, perfonns 
zero deletion, 


and checks the frame CRC. No address matching 
or control 


field analysis is performed. 
The entire frame, as delineated by 
the HDlC 
flag characters, 
is stored in memory. 
The MLAPD 


uses the receive pool assigned by the host to the logical link" 
associated with DlCI = O. 


The host may choose to accept erroneous 
frames based 


upon the non-protocol_ error_mask. The host may also choose 
to have the M lAPD 
access multiple receive buffers as needed 


to store a received frame. As each receive buffer is filled, the 
MlAPD 
writes 
a time stamp 
into the associated frame de- 


scriptor. 
This time stamp indicates the "time", 
with 
respect 


to an internal 32-bit timer, when the MLAPD completed trans- 
ferring 
the incoming 
frame to the receive buffer. 
When the 
MlAPD 
is in promiscuous 
receive mode, the host may enable 


a filtering 
option which 
allows the host to selectively receive 


frames from the serial link based upon the first 32 bits of each 
frame. 
This provides a built-in 
logic analyzer trigger-type 
di- 
agnostic capability. 


LINE MONITOR 


This mode allows the user to monitor all the bits on the data 


link. When the RSTART pin is asserted, the receive operation 


begins. As long as RSTART remains asserted, the chip will 
pack all received bits to words and write 
them into receive 
buffers 
from 
a single receive pool. This mode may be very 
useful 
in analyzing 
line problems, 
bit errors, 
zero insertion 
errors and special bit patterns such as flags, abort, 
and idle 
sequences, that are not normally dumped into memory. 


SYSTEM 
lOOPBACK 
TESTING 


To allow the MLAPD to perform the LAPD procedures dur- 
ing a system 
loopback 
test, 
the M LAPD provides 
a "flip" 


option. 
When enabled, the MLAPD 
will invert the least sig- 


nificant 
bit of the DlCI 
field for each received frame. To im- 
plement this mode, the host activates pairs of logical links with 
DlCls 
that differ only in the least significant 
bit position. 
For 
each pair, one link is assigned as network 
and the other link 
3 


is assigned as user. Then when a frame is transmitted 
for one 
logical link, it is received for the other logical link. Thus enabling 
the MLAPD to implement the lAPD 
procedures while in loop- 
back mode. 


The system 
loopback 
can be internal 
or external. 
When 
internal loopback 
is selected, the host may also specify that 
any bits received on RxD should be echoed back to the network 
on TxD. 
Note that when the flip option 
is not enabled, the 
host may only operate non-protocol 
links under the internal 
or external loopback configuration. 


MEMORY-TO-MEMORY 
OPERATION 


The MLAPD 
can be configured 
for operation 
in systems 
which 
do not implement 
a non-channelized 
serial interface, 


such as channelized T1 networks or LANs. It is assumed that 
a device in the system, labeled "Device A" in Figure 16, directly 
interfaces 
to the physical level. Received frames are placed 
into memory and transmit 
frames are placed into 
Device A 
using either DMA or host 1/0 capabilities. In memory-to-mem- 
ory operation, the MlAPD 
performs the lAPD 
procedures on 
these memory resident receive and transmit frames. This mode 
allows the system designer to select the M LAPD to implement 
the LAPD procedures independent 
of the physical level char- 
acteristics of the system. 


To enable memory-to-memory 
operation, 
the host sets an 
option 
bit in the Global Configuration 
Block. 
In this config- 


uratio';-: the MLAPD 
transmitter 
and receiver are internally 
connected. 
The RxD and TxD pins are not used. The MLAPD 
on-chip 
DMA 
controller 
feeds the receive and transmit 
ma- 


chines via their associated FIFOs. The host activates a logical 
link with DlCI = 0 as a non-protocol 
link and assigns this link 
to I frame Queue O. Note that I frame Queue_0 should 
be 
reserved 
for 
use -only 
by this 
logical 
link 
associated 
with 
DlCI=O. 


As frames are received from the physical level, the host is 
responsible for placing these received frames into the memory 
format 
defined for a MLAPD 
transmit 
queue. 
Each transmit 
buffer contains an entire received frame. The host then issues 
aDl 
DATA REQUESTwiththelliDassociatedwithDlCI=O 
as command argument 1 and the address of the first transmit 
frame descriptor 
as command 
argument 
2. In response, the 
MlAPD 
begins transmitting 
frames frqm 
I frame 
Queue_O 
according to the transmit servicing scheme described in Trans- 
mit Servicing 
Scheme. 
Since the logical link associated with 
DlCI = 0 is assigned to non-protocol 
operation, 
the MlAPD 
acts as a simple HDlC 
framer. 
The MLAPD 
may optionally 
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add the frame 
CRC as described 
in MLAPD 
Frame 
Trans- 
mission. 
The frame address should be contained 
in the trans- 
mit data buffer (passed through 
from the physicallevell. 
When 
the 
frame 
is received 
via 
the 
internal 
loopback 
path, 
the 
M LAPD 
analyzes 
the address 
field, 
determines 
whether 
the 
addressed 
logical 
link is assigned 
to 
LAPD 
or non-protocol 
operation 
and then handles the frame 
as described 
in Infor- 
mation 
Frame 
Reception, 
XID/UI 
Frame 
Reception, 
and 
MLAPD 
Frame 
Reception. 
The MLAPD 
continues 
to trans- 
mit frames from I frame Queue _0 until the scan length specified 
for 
I frame 
Queue _0 is exhausted 
or until all queued 
frames 
are transmitted. 
A DL data 
confirmation 
interrupt 
is issued to 
the host when 
all frames 
a~e transmitted. 
This interrupt 
indi- 
cates that all frames received from the physical level have been 
handled 
by the MLAPD. 
Level 3 collects 
the received 
I, XID, 


UI, and non-standard _control 
frames 
for the various 
logical 
links as described 
in Collecting 
Received 
Frames. 


The memory-to-memory 
operation 
mode 
does 
not affect 


r-G 
LGJ 


R. 


POOL/OUEUE 


DLCI=O 


the procedure 
for passing transmit 
frames from 
Level 3 to the 
MLAPD 
for Level 2 handling. 
Level 3 queues 
I, XID, 
UI, and 
non-standard 
control 
frames 
to the Global XID/UI 
Queue, 
I 
frame Queues 
1-3, and XID/UI 
Queues 
0,1. The MLAPD 
in- 
dependently 
generates 
U and S frames-and 
places them 
on 
the Level 2 Queue. 
The transmit 
servicing 
scheme 
for these 
transmit 
queues 
and 
the 
protocol 
actions 
provided 
by the 
MLAPD 
are unchanged. 
During 
the 
transmit 
process, 
the 
MLAPD 
appends the appropriate 
DLCI, control 
field and CRC 
to queued 
transmit 
frames 
for LAPD 
links, and the M LAPD 
may optionally 
append 
the DLCI and CRC for 
non-protocol 
links. 
As each transmitted 
frame 
is received 
via the internal 
loopback 
path, the MLAPD 
receiver handles the frame as for 
promiscuous 
receive mode. The entire frame is stored in mem- 


ory. The MLAPD 
uses the receive pool assigned 
by the host 
to the logical 
link associated 
with 
DLCI =O. It is the respon- 
sibility 
of the host to enable transmission 
of these frames 
by 
the physical 
level. 


XID/UI 


QUEUES 
0,1 


@ MOTOROLA 


VOICE 
MEMORY 
ADDRESS 
CONTROLLER 
SILICON-GATE 
CMOS 


The MC141500 
Voice Memory 
Address 
Controller 
(VMAC) 
is a 
CMOS 
IC specially 
designed 
for 
controlling 
the 
addressing 
of 
DRAMs 
used 
as 
the 
voice 
storage 
for 
the 
Motorola 
CVSD 
(Continuous 
Variable 
Slope 
Delta Modulation/Demodulation) 
IC, 


such as the MC3411 
5, MC341 
7 and MC3418. 
Upto 
256 
pieces 
of 256K 
DRAMs 
can be controlled 
for a maximum 
recording 
time 
of 102 
minutes. 


• 
5 volt supply. 


• 
Supports 
256K 
DRAM. 


• 
Different 
memory 
configurations. 
• 
Start, 
reset, pause, fast forward, 
fast backward 
controls. 
• 
DRAM 
refreshing 
provided. 


• 
11 K, 16K, 
21 K or 32K 
BPS sample 
rates available. 
• 
Uses low cost 
3.58 
MHz 
crystal. 


• 
Serial 
MCU 
interface. 
• 
Start 
and stop addresses 
set by MCU. 
• 
Current 
address 
can be read by MCU. 


VDD 


A3 
A2 


At 
AD 
CASt 
CAS2 
CAS3 
CAS4 
RAS 
CARRY 
Xt 
X2 
VSS 


A4 
A5 
A6 
A7 
A8 
CVSDCLK 
DRAMt24 
FF/FB 
START 
RESET 
PAUSE 
D/SRt 
DCLKlSR2 
EE 


This 
document 
contains 
information 
on 
a new 
product 
specification 
and 
information 
herein is subject 
to change 
without 
notice. 
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® MOTOROLA 


The MC142100 and MC145100 consist 
of 
16 crosspoint 
switches 
(analog transmission gates) organized In 4 rows and 4 columns 
Both 
devices have 16 latches. each of which controls the state of a particular 
sWitch. Any of the 16 sWitches can be selected by applying its address 
to the device and a pulse to the strobe mput 
The selected crosspOint 
will turn on if dUring strobe. Data In was a one and Will turn off if dUring 
strobe. Data In was a zero In addition the MC145100 will reset all non- 
selected 
switches 
m th~ same row 
as the selected SWitch. Other 
sWitches are unaffected 
In the MC145100. an mternal power-on 
reset 
turns off all switches as power is applied . 


• 
Internal Latches Control State of SWitches 


• 
Power-On Reset IMC145100 Only) 


• 
Low On Resistance - 
Typically on 110 {l @ 10 Vdc 


• 
Large Analog Range (VDD - VSS) 


• 
All Pins Are Diode Protected 


• 
Matched Switch Characteristics 


• 
High CMOS Noise Immunity 


• 
MC142100 Pln-for-Pm Replacement for CD22100 


Rating 
Symbol 
Value 
Unit 


DC Supply Voltage 
VDD 
-05to 
+18 
Vdc 


Input Voltage. 
All Inputs 
V,n 
-05 
to VDD+0.5 
Vdc 


Through Current 
I 
25 
mAde 


Operating Temperature 
Range 
TA 
·C 
AL Device 
-5510 
+125 
CLlCP DeVice 
-40 to +85 
Storage Temperature 
Range 
Ts1g 
-65 to +150 
·C 


MC142100 
MC145100 


CMOS MSI 


fLOW-POWERCOMPLEMENTARYMaS) 


4 x 4 CROSSPOINT 
SWITCH 
WITH 
CONTROL 
MEMORY 
- 


, 


L SUFFIX 


CERAMIC 
PACKAGE 


CASE 
620 


P SUFFIX 


PLASTIC 
PACKAGE 


CASE 
648 


MC14XXXXgSuffiX Deno'es 
LL 
Ceramic Package 


P 
Plastic Package 


A 
Extended Operating 
Temperature 
Range 


C 
Limited Operating 
Temperature 
Range 


PIN ASSIGNMENTS 


C2 
16 VDD 


Data In 
15 
Rl 


C 
14 
R2 


D 
4 
13 
C4 


8 
5 
12 
C3 


A 
6 
11 
R4 


Strobe 
10 
R3 


VSS 
8 
9 
Cl 


ThIS deVIce contains circuitry to protect the 
Inputs 
against 
damage 
due 
to high 
static 
voltages or electric fields; 
however. 
it is ad- 


VIsed that 
normal 
precautions 
be taken 
to 


aVOId application of any voltage higher than 
maximum 
rated 
voltages 
to 
this high Im~ 


pedance 
CIrCUIt For proper 
operation 
It IS 
recommended 
that 
Vin and 
Vout 
be con- 


strained 
to 
the 
range 
VSS,SIVln 
or 
VoutlsVDD· 
Unused control inputs must always be tied to 
an appropriate logic voltage level (e. g.. either 
VSS or VDDI. 


In/Out~Out/ln 


Control 


In/Out~Out/ln 


Control 


Voo 
TIow* 
25"<: 
Thigh* 


Characteristic 
Symbol 
Vdc 
Min 
Max 
Min 
Typ 
Max 
Min 
Max 
Unit 


Operating 
Voltage 
MC145100 
VDD 
- 
425 
18 
425 
- 
18 
4.25 
18 
Vdc 
MC142100 
3 
18 
3 
- 
18 
3 
18 


Input Voltage 
(Logic! 
"0" 
Level 
VIL 
Vdc 
Control Input 
5 
- 
1.5 
- 
2.25 
1.5 
- 
1.5 
10 
- 
3.0 
- 
4.50 
3.0 
- 
30 
15 
- 
4.0 
- 
6.75 
4.0 
- 
4.0 


"1" 
Level 
VIH 
Vdc 
5 
3.5 
- 
3.5 
2.75 
- 
3.5 
- 


10 
7.0 
- 
7.0 
5.50 
- 
7.0 
- 


See Figure 
1 
15 
11.0 
- 
11.0 
8.25 
- 
11.0 
- 


Input Current 
AL 
lin 
15 
- 
±0.1 
- 
±O.OOOOl 
±0.1 
- 
± 1.0 
~A 
Pins 2. 3. 4. 5. 6. 7 
CL. CP 
lin 
t5 
- 
±0.3 
- 
±O.OOOOl 
±0.3 
- 
± 1.0 


Input Capacitance 
IVin=Ol 
(in 
pF 
Digital Inputs 
10 
- 
- 
- 
7 
15 
- 
- 


Switch 
Inputs/Outputs 
10 
- 
- 
- 
50 
75 
- 
- 


Feedthrough 
Capacitance 
Cin/out 
- 
- 
- 
- 
0.4 
- 
- 
- 
pF 


Quiescent 
Current 
tALl 
MC145100 
5 
- 
200 
- 
55 
110 
- 
70 


IDO 
10 
- 
400 
- 
115 
230 
- 
100 
~A 
15 
- 
600 
- 
170 
340 
- 
200 


MCt42too 
5 
- 
5 
- 
0.003 
5 
- 
150 


IDD 
10 
- 
10 
- 
0.004 
10 
- 
300 
~A 
15 
- 
20 
- 
0.005 
20 
- 
600 


Quiescent Current 
MC145100 
5 
- 
250 
- 
55 
150 
- 
00 
ICL. 
CP Device) 
IDD 
10 
- 
500 
- 
115 
300 
- 
150 
~A 
15 
- 
800 
- 
170 
600 
- 
300 


MC142100 
5 
- 
5 
- 
0.003 
5 
- 
150 


IDD 
to 
- 
10 
- 
0.004 
10 
- 
300 
"A 
15 
- 
20 
- 
0005 
20 
- 
600 
On~State 
See Figures 6-10 
Ron 
5 
- 
270 
- 
250 
300 
- 
375 
0 
Resistance 
10 
- 
140 
- 
110 
170 
- 
230 
Vin = VDD - VSS 
15 
- 
90 
- 
85 
115 
- 
145 


2 


On·$tate 
Resistance Difference 
6Ron 
5 
- 
- 
- 
25 
30 
- 
- 
0 
Between 
Any 
Two 
Switches 
10 
- 
- 
- 
15 
25 
- 
- 


Vin=VDD-VSS 
See Figure6 
15 
- 
- 
- 
15 
20 
- 
- 


--2-- 


Input/Output 
Leakage 
AL 
lin/out 
15 
- 
± 100 
- 
±0.4 
+ 100 
- 
±looo 
nA 
Current, SWitch Off 
CL. CP 
15 
- 
±300 
- 
±0.4 
±300 
- 
± 1000 


• Tlow= 
55°C for AL Device, 
-40°C 
for CL/CP 
Device 
Thigh= 
+ 125°C for AL Device. 
±85°C 
for ClICP 
DeVice 
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Voo 
Characteristics 
Symbol 
Vdc 
Min 
Typ 
Max 
Unit 


Propagation Delay Times 
VSS-OVdc 


Input to Output 
IPLH.lpHL 
5 
- 
30 
60 
ns 


10 
- 
15 
30 


15 
- 
10 
20 


Strobe to Output 


Output "1" to High Impedance 
MC142100 
IPL2. 
IpHZ 
5 
- 
350 
700 
ns 


Output "0" 
to High Impedance 
10 
- 
175 
350 


15 
- 
125 
250 


Output "'" 
to High Impedance 
MC145100 
IPL2.lpHZ 
5 
- 
520 
1040 
ns 
Output "0" 
to High Impedance 
10 
- 
215 
430 


15 
- 
140 
280 


High Impedance to Output "1" 
MC142100 
IPZH.IPZL 
5 
- 
300 
600 
ns 


High Impedance to Output "0" 
10 
- 
150 
250 


15 
- 
80 
160 


High Impedance to Output "1" 
MC145100 
tpZH.IPZL 
5 
- 
550 
1100 
ns 


High Impedance to Output "0" 
10 
- 
200 
400 


15 
- 
130 
260 


Data In to Output 
MC142100 
IPZH.IPHZ 
5 
- 
300 
600 
ns 


IPZL. 
IPLZ 
10 
- 
110 
220 


15 
- 
75 
150 


Data In to Output 
MC145100 
IPZH.IPHZ 
5 
- 
500 
1000 
ns 


IPZL. 
IpLZ 
10 
- 
200 
400 


15 
- 
120 
240 


Address to Output 
MC142100 
IPZH.IPHZ 
5 
- 
350 
700 
ns 


IPZL. 
IPLZ 
10 
- 
135 
270 


15 
- 
90 
180 


Address to Output 
MC145100 
IpZL. 
IPL2 
5 
- 
500 
1000 
ns 


'PZH.IPHZ 
10 
- 
180 
360 


See FIgure 2 
15 
- 
115 
230 


Minimum 
Setup Time 
Data In to Strobe 
MC142100 
Isu 
5 
- 
50 
190 
ns 


10 
- 
10 
50 


15 
- 
0 
30 


Data In to Strobe 
MC145100 
Isu 
5 
- 
100 
200 
ns 


10 
- 
40 
60 


15 
- 
25 
50 


Minimum 
Hold Time 
Data In to Strobe 
MC142100 
Ih 
5 
- 
50 
250 
ns 


10 
- 
20 
150 


15 
- 
10 
50 


Data In to Strobe 
MC145100 
Ih 
5 
- 
40 
400 
ns 
10 
- 
10 
200 


15 
- 
0 
80 


Minimum Set Up Time 
MC142100 
Isu 
5 
- 
0 
180 
ns 


Address 
10 Strobe 
MC145100 
10 
- 
0 
50 


15 
- 
0 
30 
ns 


Minimum Hold Time 
MC142100 
Ih 
5 
- 
0 
110 
ns 


Address to Strobe 
MC145100 
10 
- 
0 
45 


15 
- 
0 
30 


Minimum Strobe Pulse Width 
MC142100 
IWH 
5 
- 
150 
320 
ns 


MC145100 
10 
- 
50 
160 


15 
- 
40 
80 


VDD 


Characteristics 
Symbol 
Vdc 
Min 
Typ 
Max 
Unit 


Sine Wave 
Distortion 
See Figure3 
- 
10 
- 
0.5 
- 
% 


IRL = 1 kG. f= 1 kHz) 


Frequency 
Response 
(Switch 
On) 
See Figure 3 
- 
10 
- 
15 
- 
MHz 


IRL = 1kG. 20 LaglO 
VoutlVin= 
-3.0 
dB) 


Feedthrough Attenuation 
(Switch Off) 
See Figure 3 
10 
SO 
dB 


IV,n= 
10 Vpp. 
F= 1.6 kHz. RL ~ 1 kG. CL ~ 15 pF) 


Frequency 
for Signal 
Crosstalk 
40 dB 
10 
1500 
kHz 


1Vin= 10 Vpp. 
Switch 
A 


On. Switch 
BOlt. 
-110dB 
- 
- 
- 
0.1 
- 
kHz 


RL ~ 1 kG. CL ~ 15pF) 
See Flgure4 


Crosstalk 
Controls 
to Output 
See Figure5 
- 
10 
- 
70 
- 
mV 


IRL ~ 10 kOi 


MCl45100 
MCl45100 


Only 
Only 


Address 
Switch 
Switches 
Address 
Switch 
Switches 


A 
B 
C 
0 
Selected 
Cleared 
A 
B 
C 
0 
Selected 
Cleared 


0 
0 
0 
0 
C1R1 
0 
1 
2 
3 
0 
0 
0 
1 
C1R3 
B 
9 
10 
11 
1 
0 
0 
0 
C2Rl 
1 
0 
2 
3 
1 
0 
0 
1 
C2R3 
9 
B 
10 
11 
0 
1 
0 
0 
C3Rl 
2 
0 
1 
3 
0 
1 
0 
1 
C3R3 
10 
8 
9 
11 
1 
1 
0 
0 
C4R1 
3 
0 
1 
2 
1 
1 
0 
1 
C4R3 
11 
8 
9 
10 


0 
0 
1 
0 
C1R2 
4 
5 
6 
7 
0 
0 
1 
1 
C1R4 
12 
13 
14 
15 


1 
0 
1 
0 
C2R2 
5 
4 
6 
7 
1 
0 
1 
1 
C2R4 
13 
12 
14 
15 


0 
1 
1 
0 
C3R2 
6 
4 
5 
7 
0 
1 
1 
1 
C3R4 
14 
12 
13 
15 


1 
1 
1 
0 
C4R2 
7 
4 
5 
6 
1 
1 
1 
1 
C4R4 
15 
12 
13 
14 


~ 


Ih 


__ 
I5U 
__ 
1--1__ 
____ n_ 


I5u 
1.......-r 
rLJUhl 
__ 
I 
=.j F1h 


On 


Swilch2 
Off --- 
__ 
----"rLJU 
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VDD 


Vin 


Data In 
Control 


VSS 
Strobe 


VDD 
ABC 
D 


V1n 
Data In 
Control 


Strobe 


VDD 
ABC 
D 


VDD 
rI rI 


VSS .J LJ 
L 


KeIthley 
160 
Digital 
Multlmeter 


TA-l2S"C 


I 
\ 
I 
\ 
, 
VOO-VSS-S 
V- 
- 


~O-rSS-l~V- 
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I 
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~ 
JOO 
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z 
S; 200 
in 


~ 
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~ 


~ 
100 


50 


o 
-10 
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-6.0 
-4.0 
-2.0 
0 
2.0 
4.0 
6.0 
8.0 
10 
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® MOTOROLA 


The MC143403and MC143404are low power, quad line drrvers with 
true differential "'puts. 
The deVice has electrical characteristics similar 


to the popular MC1741 and MC3403. However, the MC143403 has 
several distinct advantages over standard operational amplifier types. 
The low power quad driver, MC143403, draws only 1.5 mA (typJ and 
the micro power quad driver, MC143404, draws only 400 ~A Ityp) and 
provides high output drrve capabilities. The common mode rejecllOn 
ratio IS typically 80 dB. 


These 
units 
are 
excellent 
building 
blocks 
for communicatIons, 
con- 


sumer, 
industrial 
and 
instrument 
applications 
where 
low 
power 
is re- 


quired, particularly in telecommunications equipment. These units are 
useful in both battery operated communications systems and phone line 
powered equipment. 


• 
Low Power and Micropower Communication 
DeVices 


• 
True Differential Input Stage 


• 
Single or Split Supply Operation 


• 
High Input Impedance 


• 
Very Low Input Bias Current: 10 nA 


• 
Four Drivers per Package 


• 
Pinout Compatible With LM324 and MC3403 


• 
W,de Input Voltage Range 


• 
High Output Current Drrve, MC143403 


InpulsA 
{ 
IlnpU,S 
0 


Inputs B { 
llnouts 
C 


MC143403 
MC143404 


L SUFFIX 


CERAMIC 
PACKAGE 
CASE 632 • 


1 


P SUFFIX 


PLASTIC 
PACKAGE 
CASE 646 


This deVice contains Circuitry to protect the 


Inputs 
against 
damage 
due 
to high 
5tallc 
voltages or electric fields, however, 
It IS ad· 
vised that 
normal 
precautions 
be taken 
to 


avoid application of any VOltage higher than 
maximum 
rated VOltages 
to this high-Im- 


pedance 
Circuit. 
For proper 
operation 
It IS 
recommended 
that 
VIn 
and 
Vout 
be con- 


stramed 
to 
the 
range 
VSS::s 
(Vin 
or 
Voull 
s 
VOO. 


Unused Inputs must always be tied to an 


appropriate 
logiC voltage 
level le.g., 
either 


VSS or VOOI. 


Rating 
Symbol 
Value 
Unit 


DC Supply 
Voltage 
VDD 
-0.5 
to + 15 
V 


Input Voltage. 
All Inputs 
V,n 
-05 
to VDD+0.5 
V 


DC Current Drain per Pm 
I 
10 
mA 


Operating Temperature 
Range 
TA 
o to 70 
'C 


Storage Temperature 
Range 
TSt9 
-65 
to 150 
'C 


RECOMMENDED 
OPERATING CONDITIONS 
I DC Supply 
Voltage 
I 
VDD 
I 
+ 4.75 to + 12.6 


Characteristic 
Symbol 
Vnn 
Min 
Typ 
Max 
Unit 


Input Offset Voltage 
VIO 
10 
- 
- 
±3J 
mV 


Input Offset Current 
110 
10 
- 
- 
200 
pA 


Open 
loop 
Voltage 
Gain, 
Rl = 10 kll 
AOl 
12 
60 
85 
- 
dB 


10 
60 
85 
- 


5 
60 
85 
- 


Open loop 
Voltage 
Gain, 
MC143403 
Only, 
Rl = 600 II 
I'VOl 
10 
45 
55 
- 


Common 
Mode Rejection RatiO 
CMRR 
10 
60 
80 
- 
dB 


Input Bias Current 
liB 
10 
- 
- 
1 
nA 


Output Voltage 
Range 
VOR 
12 
1.5 
- 
10.5 
V 
MCI43404: 
Rl = 10 kll 
10 
1.0 
- 
B.5 
MCI43403: 
Rl = 600 II 
5 
1.0 
- 
4.0 


Input Common 
Mode Voltage 
Range 
VICR 
12 
0 
- 
10 
V 


10 
0 
- 
8 
5 
0 
- 
3 


Power Supply Current. 
MC143403 
IDC 
12 
- 
1.5 
3.0 
mA 
5 
- 
1.5 
3.0 


Power Supply Current, 
MC143404 
IDC 
12 
- 
0.4 
08 


Characteristic 
Symbol 
Voo 
Min 
Typ 
Max 
Unit 


Small 
Signal 
Bandwidth 
BW 
10 
- 
800 
- 
kHz 
AV= 
I, Rl = 10 kll, 
VO=50 
mV 


Slew 
Rate AV - I, Rl-l0 
kll, 
200 pF 
SR 
10 
- 
1 
- 
VI"s 
Rl =600 
11,200 pF 
1.5 


Phase Margin 
<Pm 
10 
- 
75 
- 
deg 
MCI43404: 
AV= 
I, Rl = 10 kll, 
200 pF 
MC143403: 
Rl = 600 II, 200 pF 


Power Supply RejectIon RatiO 
PSRR 
10 
- 
60 
- 
dB 


Average Temperature 
Coefficient of VIO 
10 
- 
20 
- 
"VI'C 


II 


120 


100 


iii 
80 


O? 
c;;; 
60 
'""'" 
•• 


~ 
<5> 
40 
-.:, 
0> 
<t 
20 


0 


IIIII 


MC100 
RL = 10 kO 
VOO~+5V 
VSS=-5V 


..... 
TA~25°C 


...... 


RL =600 Il 
..... 


IMC143403 Only) 
...... 


..... 


...... 


r-..... 


...... 


11 


10 


9 


ii. 
8 
ci. 


==="g' 
<5 
6 
>~ 
5 
0 
ci 
> 


3 


MC114~ 


RL~6001l 


MCI43404 
RL=10kll 
\ 


Voltage FOllow~~ 
THO<5%., 
, 


VOO= 
+12 V 


t\. 


\ r\. 


II 


D 


@ MOTOROLA 


CMOS 
LSI 
LOW-POWER 
COMPLEMENTARY 
MOS 


o 
Provides both 13-Bit 
Monotonic 
AID 
and D/A Conversion for 
Signal Processing 
Systems 
in a Single IC. 


o 
9-Bit 
Linearity. 


o 
On-Chip Precison Voltage Reference 


o 
Serial Data Ports. 


o 
2's Complement 
Coding. 


o 
±5 
to 6 Volt Supply 
Operation. 
o 
Input Sample and Hold Provided On-Chip. 


o 
5 Volt CMOS Inputs: 
Outputs 
capable of driving 
two 
LSTIL 
loads. 


o 
Low 
Power 
Consumption: 
50 
mW 
typical. 
3 mW 
Power 
Down. 


o 
Sample Rates from 
100 
Hz to 20 kHz (both AID 
and D/A). 


26.67 
kHz (AID 
only) and 128 
kHz (D/A 
only). 
- 
, 
L SUFFIX 
CERAMIC 
PACKAGE 


CASE 62lJ 


Rating 
Symbol 
Value 
Unit 


DC Supply 
voltage 
VDD - VSS 
-0.5 
to 13.2 
V 


Voltage, 
Any 
Pin to V SS 
V 
-0.5 
to VDD 
+0.5 
V 


DC Current 
Drain per Pin (Excluding 
VDD' VSS) 
I 
10 
mAde 


Operating 
Temperature 
Range 
Ta 
-40 
to +85 
·C 


Storage 
Temperature 
Range 
Tstg 
-85 
to +150 
·C 


VDD 


RDD 


RCE 


RDC 


TDC 


TDD 


TDE 


VDG 


VAG 


AO 


AI 


PDI 


CCI 


MSI 


TDF 


VSS 


The device contains 
circuitry 
to protect the inputs against damage due to high static voltages 
or electrical 
fields. 
However, 
it is 
advised that normal 
precautions 
betaken 
to avoid applications 
of any voltage 
higher than the maximum 
rated voltages 
forthis 
high impedance 
circuit. 
For proper operation 
it is recommended 
that Vin and Vout be constrained 
to the range VSS <(Vin or 
Vout) <VDD. Reliability 
of operation 
is enhanced 
if unused 
inputs 
are tied to an appropriate 
logic voltage 
level (e.g. either 


VSS or VDD)· 


o to 70·C 
25·C 
o to 70·C 


Parameter 
Pins 
Min 
TVD 
Max 
Unit 


DC Supply 
Voltage 
VDD to VSS 
9.5 
10 to 12 
13.2 
V 


Power 
Dissipation, 
POI = "'" 
VDD to VSS 
- 
50 
80 
mW 


Power 
Dissipation, 
POI = "0" 
VDD to VSS 
- 
3 
5 
mW 


Conversion 
Rate 


Full Cycle AID 
& D/A 
MSI 
0.1 
- 
20 
kHz 
Short 
Cycle AID 
MSI 
O.t 
- 
26.67 
kHz 
Short 
Cycle D/A 
MSI 
0.1 
- 
128 
kHz 


Conversion 
Sequence 
Rate 
feci 
3.2 
- 
1024 
kHz 


Data Rate 
TDC,RDC 
ICCI 
- 
2560 
kHz 


Full Scale Analog 
Levels 
AI,Ao 
- 
3.27 
- 
V 
(Referred 
to 600 01 
- 
9.5 
- 
drfm 


CODER 
AND 
DECODER 
PERFORMANCE 


VDD - VSS = 9.5 to 13.2 
V, TA = 0 to 70·C 


Coder 
(AID) 
Decoder 
(D/A) 


Parameter 
Min 
Typ 
Max 
Min 
Typ 
Max 
Unit 


Resolution 
13 
- 
- 
13 
- 
- 
Bits 


Conversion 
Time 


Full cycle AID 
& DIA 
50 
- 
10,000 
50 
- 
10,000 
~S 
Short 
Cycle AID 
37.5 
- 
- 
- 
- 
- 
~S 
Short 
Cycle D/A 
- 
- 
- 
7.8 
- 
- 
~S 


Differential 
Nonlinearity 
- 
- 
±1 
- 
- 
±1 
LSB 


Gain 
Error 
-0.25 
- 
0.25 
-0.25 
- 
0.25 
dB 


Offset 
- 
- 
±10 
- 
- 
±20 
LSB 


Signal to Noise 
Ratio 


9.5 to -10 
dBm 
- 
54 
- 
- 
54 
- 
dB 
-30 
dBm 
- 
34 
- 
- 
34 
- 
dB 
-50 
dBm 
- 
14 
- 
- 
14 
- 
dB 


II 


ANALOG 
ELECTRICAL 
CHARACTERISTlCS 


VOO - V SS = 9.5 
to 1 3.2 
V, VAG = Yo (V DO - V SS), TA = 0 to 70·C, 
ZL = 10 kn 
II 50 
pF 


Characteristic 
Pin 
Symbol 
Min 
Typ 
Max 
Unit 


Input 
Current 
AI 
lin 
- 
- 
±30 
nA 


AC Input 
Impedance 
AI 
Zin 
1.5 
- 
- 
Mn 


Output 
Voltage 
Range, 
RL = 10 kn 
AO 
Vor 
-3.4 
- 
3.4 
V 


Output 
Current 
AO 
lout 
0.35 
- 
- 
mA 


Power 
Supply 
Rejection 
Ratio 
AO, TOO 
PSRR 
- 
30 
- 
dB 


Crosstalk, 
AI to AO and 
ROO to TOO 
AO, TOO 
- 
- 
-BO 
- 
dB 


Slew 
Rate 
AO 
SR 
- 
3 
- 
V/~S 


Settling 
Time 
AO 
Ts 
- 
15 
- 
~S 


DIGITAL 
ELECTRICAL 
CHARACTERISTICS 


V DO = 5 V, V SS = -5 V, VAG = V DG = 0 V, T A = 0 to 70·C 


Characteristic 
Symbol 
Min 
Max 
Unit 


High 
Level 
Input 
Voltage 
Vih 
3.5 
- 
V 


Low 
Level 
In put Vohage 
Vii 
- 
1.5 
V 


Input Current 
lin 
- 
±1.0 
~ 


Input Capacitance 
Cin 
- 
7.5 
pF 


High 
Level Output 
Voltage 
lout = -20 
~ 
Voh 
4.9 
- 
V 


I 
= -1 mA 
4.3 
- 
out 


Low 
Level Output 
Voltage 
lout = 20~ 
Vol 
- 
0.1 
V 


lout = 2 mA 
- 
0.4 


SWITCHING 
CHARACTERISTlCS 


VOO = 5 V, VSS = -5 V, VAG = VOG = 0 V, TA = 0 to 70·C, 
CL = 50 
pF, (See Figures 
1 & 2) 


Characteristic 
Symbol 
Min 
Max 
Unit 


Input 
Rise Time 
Tjr 
- 
100 
nS 


Input 
Fall Time 
Tit 
- 
100 
nS 


Output 
Rise Time 
Tor 
- 
80 
nS 


Output 
Fall Time 
Tot 
- 
80 
nS 


Pulse Width 
High 
MSI, 
CCI, TOC, RCE, ROC 
TWh 
100 
- 
nS 


Pulse Width 
Low 
MSI, 
CCI, TOE, TOC, RCE, ROC 
Twi 
100 
- 
nS 


MSI 
Clock 
Frequency 
tMSI 
0.1 
32 
kHz 


CCI Clock 
Frequency 
tCCI 
3.2 
1024 
kHz 


TOC and ROC Clock 
Frequency 
tOC 
fCCI 
2560 
kHz 


4 
8 
12 
16 
24 
32 


CCI 
I 
I 
I 
I 
I 
I 


I 
I 
I 
I 
I 
I 
I 
IFull Cycle Operation - Both A-D & D-A1 
I 
I 
I 
I 
I 
I 
I 
I 
I 
I 
I 
I 
I 


MSI~ 
I 
I 
\ 


I 
I 
I 
I 
I 


I 
I 
I 
I 


I 
I 
I 
I 
Short Cycle Operation - A-D Only 
I 
I 
I 
II 


I 
I 
I 
I 
I 
I 
I 
I 
I 
I 
I 
I 


~ 
MSI--l 
I 
~ 
I 
I 
I 
I 
I 
I 
I 
I 
I 
I 
I 
I 
I 
I 
Short Cycle Operation - D-A Only 
I 


I 
I 
I 
I 
I 
I 
I 
I 
I 
I 


MSI~ 
j 
\ 
J 


I 
I 
,- 


TOE -l 
L 
~ 


TOC 
JVV 


TOO 
-----0 


(TDF 
= 0) 


TOO 
-----0 


(TDF 
= 1) 


RCE JI 
J'L 


ROC 
JVV 


ROO 
-rJ:iJ 


II 


VDD - Positive 
Supply 
- The most positive 
power 
supply, typically + 5 to +6 volts in split power supply 
configurations 
of + 10 to + 12 volts 
in single 
supply 


systems. 


VSS - Negative 
Supply 
- The most negative power 


suppry, typically -5 to -6 volts in split power supply con- 
figurations 
or 0 volts in single supply systems. 


VAG - Analog 
Ground 
- The Analog signal reference 
point, 
this 
pin 
is normally 
tied 
to 
0 
volts 
in 
split 


supply operation. 


VDG - Digital 
Ground 
- This is the ground reference 
for all-of the digital 
input and output 
pins. CMOS com- 
patible logic signals swing from VDG to VOO where VOG 
can be established 
anywhere 
from 
VOO -4.75 
volts 
to VSS' 


AO - Analog 
Output 
- This 
is the 
output 
of the 
decoder's 
sample and hold circuit and is a 100 percent 
duty cycle analog output of the last digital word received 
and decoded 
by the 
decoder. 
The analog 
output 
is 
updated shortly after the nearest rising edge of CCI to the 
rising edge of MSI and is capable of driving a 10 kohm, 
50 pF load. 


AI - Analog 
Input 
- This is the high impedance 
input 
to the coder and is sampled 
shortly 
after the nearest 
rising edge of CCI to the rising edge of MSI. 


POI - Power 
Down 
Input 
- In normal operation this 
input should be tied high. A logic low on this input puts 
the device 
into a minimum 
power 
dissipation 
mode. 


Transitions on this pin should be synchronised 
with the 
rising edge of MSI. See Figure 3 below. Ouring power- 
down, all functions 
stop. One complete 
MSI conversion 
cycle 
is required 
to establish 
normal 
operation 
after 


leaving the power down 
mode. 


CCI - Convert 
Clock 
Input 
- This input controls the 
complete 
conversion 
sequence 
during 
one MSI cycle 
and 
must 
receive 
a clock 
which 
is 
32 
times 
the 
frequency 
of MSI. The only exception 
to 32 times the 
frequency 
of MSI is during 
short-cycle 
operation. 
See 
"Modes 
of Operation". 
CCI must 
be synchronous 
and 
rising edge aligned with 
MSI. 


MSI - Master 
Sync Input 
- This pin determines 
the 
conversion 
rate for both the coder and the decoder. One 
AlO and O/A conversion takes place during each period 
of the digital clock applied to this input (except in short- 
cycle operation, 
see "Modes 
of Operation"). 
MSI must 
be synchronous 
and rising edge aligned with CCI. 


TDF - Transmit 
Data Format - The 13-bit digital out- 
put of the coder is available in one of two sixteen-bit 
two's complement 
formats as determined 
by the state of 
this pin. A logic zero at this pin causes the data from TOO 
to 
be in a 16-bit 
sign-extended 
format 
as follows: 
SSSSM ... L where S, M, and L represent the sign, most 
significant 
magnitude 
bit, 
and 
the 
least 
significant 
magnitude 
bit, respectively. 
A logic one on this pin for- 
mats the data as follows: 
SM ... 
LSSS. 


TOE - Transmit 
Data 
Enable 
- This pin is used to 
initiate the serial transfer 
of data from the coder once 
during each MSI period and, in addition, 
provides three- 
state control of the TOO pin. A rising clock edge on TOE 
signals the start of data transfer 
from the TOO pin. A 
resulting high logic level on TOE also releases TOO from 
Its 
high-impedance 
state. 
TOE 
must 
remain 
high 
throughout 
the data transfer 
to keep TOO in the low- 
impedance state and must return to a low state prior to 
each data transfer. 
New data becomes available on the 
rising edge of MSI. Oata transfers may not be in progress 
during this transition 
without 
loss of data. 


TOO - Transmit 
Digital 
Data - This is the three-state 
output data pin from the coder and is controlled 
by the 
TOE and TOC pins. TOO is in the high-impedance 
state 
whenever TOE is a logic low. The first data bit is output 
from TOO on the rising edge of TOE (or TOC if it follows 
TOE) and each subsequent 
bit is output on rising edges 
of TOC. Two output 
data formats 
are available as des- 
cribed in the TOF pin description 
above. 


TDC - Transmit 
Data Clock 
- Oigital data from the 
coder is serially 
transmitted 
from TOO on rising TOC 
edges whenever 
TOE is a logic 
high. 
TOC must 
be 
approximately 
rising edge aligned with TOE. Generally, if 
TOC is low when TOE rises, the first rising edge of TOC 
clocks the first data bit. If TOC is high when TOE rises, 
the first 
bit will be clocked 
by TOE and the first 
rising 
edge of TOC after TOE rises will clock out the second 
data bit. 


ROC - Receive 
Data Clock 
- Receive digital data is 
accepted 
by the decoder 
on the first 
thirteen 
falling 
edges of ROC after an RCE rising edge. 


RCE - Receive 
Clock 
Enable - This pin identifies the 
beginning 
of a data transfer 
into the 
ROO pin of the 
decoder. The first thirteen 
falling edges of ROC after an 
RCE rising 
edge will 
clock data into the decoder 
data 
input, 
ROO. RCE must 
return 
low 
prior to each data 
transfer. 
Oata transfers 
may not span the rising edge of 
MSI without 
loss of data. 


ROD - Receive 
Digital 
Data - This pin is the data 
input to the decoder and is controlled 
by the ROC and 
ROE pins described 
above. Two's complement 
data are 
loaded in the following 
sequence: SM ... L where S, M, 
and L represent the sign, most significant 
magnitude 
bit, 
and the 
least significant 
magnitude 
bit, 
respectively. 
Only the first thirteen bits clocked by ROCafter RCErises 
will 
be accepted for decoding. 
Any additional 
bits will 
be ignored. 
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GENERAL 


The MC145402 
has three modes of operation. 
a "full" 
cycle mode and two 
"short" 
cycle modes. The full cycle 
mode allows 
simultaneous 
Analog 
to Digital 
(AID) 
and 
Digital to Analog 
(D/ A) operation. 
The short cycle modes 


allow 
either 
AID 
only or D/A 
only operation. 


SHORT 
CYCLE ANALOG 
TO DIGITAL 
OPERATION 


If CCI is 24 times 
the frequency 
of MSI. 
short 
cycle 
Analog 
to Digital operation 
is selected. 
This allows 
a 13- 
bit AID 
conversion 
only. 
In this 
mode. 
the 
D/A 
is not 
operational. 


FULL CYCLE 
OPERATION 


When 
operating 
in the full cycle mode, the MC145402 
performs 
a 13-bit 
AID 
conversion 
followed 
by a 13-bit 
D/A conversion. 
Full cycle operation 
is selected 
by using 
a CCI frequency 
that is 32 times 
the frequency 
of MSI. 


MSI 
is the sample 
rate frequency. 


SHORT 
CYCLE 
DIGITAL 
TO ANALOG 
OPERATION 


Short 
cycle 
Digital 
to Analog 
operation 
is selected 
by 
using 
a CCI clock 
frequency 
that 
is 8 times 
the 
MSI 
sample 
rate. 
During 
short 
cycle 
D/A 
operation, 
AID 
operation 
is disabled 
and digital 
data read from 
TDD is 
not valid. 


FIGURE 
4 - THE 
MC145402, 
13-BIT 
LINEAR 
CODEC, 
INTERFACED 
TO A 
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® MOTOROLA 


EIA-232-DN.28 
Driver/Receiver 
(Formerly RS-232-C) 


The MC145406 is a silicon-gate 
CMOS 
IC that combines 
3 drivers and 3 receivers 
to fulfill 
the electrical 
specifications 
of standards 
EIA-232-D 
and CCITI 
V.28. The 
drivers feature 
true TIL 
input compatibility, 
slew-rate-Iimited 
output, 
300 ohms 
power-off 
source impedance, 
and output 
typically 
switching 
to within 
25 percent 
of 
the supply 
rails. The receivers 
can handle up to ± 25 volts while 
presenting 
3 to 7 
kilohms 
impedance. 
Hysteresis 
in the receivers aids reception 
of noisy signals. 
By 
combining 
both drivers and receivers in a single CMOS chip, 
the MC145406 pro- 
vides efficient, 
low-power 
solutions 
for EIA-232-D 
and V.28 applications. 


Drivers 
• 
± 5 to ± 12 V Supply 
Range 
• 
300 Ohms Power-Off 
Source 
Impedance 
• 
Output 
Current 
Limiting 
• 
TIL 
Compatible 
• 
Maximum 
Slew Rate =30 VII'S 


Receivers 
• 
± 25 V Input Voltage 
Range When 
VDD = 12 V, VSS = - 12 V 
• 
3 to 7 Kilohms 
Input 
Impedance 
• 
Hysteresis 
on Input Switchpoint 


FUNCTION 
DIAGRAM 


VOO 
RECEIVER 
Voo 


* 
VCC 


15 k 


R. 


00 
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-= 


VOO 
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LEVEl 
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620 
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~'''' 
, 
CASE 
648 
PLASTIC•• 
OW SUFFIX 


CASE 
751G 
SOIC 


This device contains protection 
circuitry to pro- 


tect the inputs against damage 
due to high static 
voltages 
or electric fields; however, 
it is advised 


that normal precautions 
be taken to avoid appli- 


cation of any voltage higher than maximum 
rated 


voltages 
to 
this 
high 
impedance 
circuit. 
For 


proper operation, 
it is recommended 
that the volt- 


ages at the DI and DO pins be constrained 
to the 


range 
GNDsVDISVDD 
and 
GNDsVDOS 


VCC. Also, 
the voltage 
at the Rx pin should 
be 


constrained 
to 
(VSS -15 
V)SVRxl-3slVDD 


+ 15 
VI. 
and 
Tx 
should 
be 
constrained 
to 


VSSSVTxl-3sVDD· 


Unused 
inputs 
must always 
be tied to an ap- 


propriate 
logic voltage 
level (e.g., 
GND or VCC 


for DI, and VSS or VDD for Rx.1 


Rating 
Symbol 
Value 
Unit 


DC Supply 
Voltages 
(VDD;" 
VCCI 
VDD 
- 0.5 to 
+ 13.5 
V 


VSS 
+ 0.5 to 
-13.5 


VCC 
-0.5 
to 6.0 


Input 
Voltage 
Range 
VIR 
V 
Rxl-3 
Inputs 
(VSS -151 
to lVDD + 15) 


D11-3 Inputs 
-0.5 
to lVCC+0.51 


DC Current 
Per Pin 
±loo 
mA 


Power 
Dissipation 
PD 
1.0 
W 


Operating 
Temperature 
Range 
TA 
-40 
to 
+85 
°c 


Storage 
Temperature 
Range 
Tsto 
-85 
to 
+ 150 
°c 


MCl45406 
Parameter 
Symbol 
Unit 


Min 
Typ 
Max 


DC Supply 
Voltage 
V 


VDD 
VDD 
4.5 
5 to 12 
13.2 


VSS 
VSS 
-4.5 
-5to-12 
-13.2 


VCC (VDD;"VCCI 
VCC 
4.5 
5.0 
5.5 


Quiescent 
Supply 
Current 
pA 


lOutputs 
unloaded, 
inputs 
low 1 


VDD= 
+ 12 V 
IDD 
- 
140 
400 


VSS= 
-12 
V 
'SS 
- 
340 
600 


VCC=+5V 
ICC 
- 
300 
450 


RECEIVER 
ELECTRICAL 
SPECIFICATIONS 
(Voltage 
polarities 
referenced 
to GND =0 
V, VDD = + 5 to 
+ 12 V, Vss 
= - 5 to 
-12 
V, 


VDD;"VCC, 
TA=-4Oto85°CI 


MCl45406 
Characteristic 
Symbol 
Unit 
Min 
Typ 
Max 


Input 
Turn-on 
Threshold 
Rxl-3 
Yon 
1.35 
1.80 
2.35 
V 


VDOl-3=VOL, 
VCC=5.0 
V ±5% 


Input 
Turn-off 
Threshold 
Rxl-3 
Voff 
0.75 
1.00 
1.25 
V 


VD01-3=VOH, 
VCC=5.0V 
±5% 


Input 
Threshold 
Hysteresis 
Rxl-3 
Von-Voff 
0.6 
0.8 
- 
V 


VCC=5.0 
V ±5% 


Input 
Resistance 
Rxl-3 
Rin 
3.0 
5.4 
7.0 
kll 


(VSS -15 
VlsVRxl-3s(VDD+ 
15 VI 


High-Level 
Output 
Voltage 
DOl-3 
VOH 
V 


VRxl-3 
= -3 
V to (VSS -15 
V)* 


'OH = -20 
pA, VCC = +5.0 
V 
4.9 
4.9 
- 


'OH= 
-1 
mA, 
VCC= 
+5.0V 
3.8 
4.3 
- 


Low-Level 
Output 
Voltage 
DOl-3 
VOL 
V 


VRxl-3= 
+3 V to (VDD+ 
15 VI* 


10L = +20 pA, VCC= 
+5.0 
V 
- 
0.01 
0.1 


10L = +2 
mA, 
VCC= 
+5.0 
V 
- 
0.02 
0.5 


10L = +4 
mA, 
VCC= 
+5.0 
V 
- 
0.5 
0.7 


II 


II 


MCl45406 
Characteristic 
Symbol 
Unit 
Min 
Typ 
Max 


Digital 
Input 
Voltage 
D11-3 
V 


Logic 0 
VIL 
- 
- 
0.8 


Logic 
1 
VIH 
2.0 
- 
- 


Input Current 
D11-3 
lin 
- 
- 
± 1.0 
p.A 


VDI1-3=VCC 


Output 
High Voltage 
Tx1-3 
VOH 
V 


VDI1-3= 
Logic 0, RL =3.0 
kll 
VDD= 
+5.0 
V, VSS ~ -5.0 
V 
3.5 
3.9 
- 


VDD= 
+6.0 
V, VSS = -6.0 
V 
4.3 
4.7 
- 
VDD = + 12.0 V, VSS = -12.0 
V 
9.2 
9.5 
- 


Output 
Low Voltage* 
Tx1-3 
VOL 
V 


VDI1-3= 
Logic 
1, RL =3.0 
kll 
VDD~ 
+5.0 
V, VSS= 
-5.0 
V 
-4.0 
-4.3 
- 


VDD= 
+6.0 
V, VSS= 
-6.0 
V 
-4.5 
-5.2 
- 


VDD = + 12.0 V, VSS ~ -12.0 
V 
-10.0 
-10.3 
- 


Off Source 
Resistance 
Tx1-3 
300 
- 
- 
n 
(Figure 
11 


VDD=VSS~GND 
=0 V, VTx1-3= 
±2.0 
V 


Output 
Short-Circuit 
Current 
Tx1-3 
ISC 
mA 


VDD = + 12.0 V, VSS = - 12.0 V 
Tx1-3 
shorted 
to GND* 
* 
- 
±22 
±60 
Tx1-3 
shorted 
to 
± 15.0 V*** 
- 
+60 
+100 


*The 
voltage 
specifications 
are in terms of absolute 
values. 


**Specification 
is for one Tx output 
pin to be shorted 
at a time. 
Should 
all three 
driver outputs 
be shorted 
simultaneously. 
device 
power 


dissipation 
limits will be exceeded. 
** *This 
condition 
could exceed 
package 
limitations. 


Propagation 
Delay Time 
Tx1-3 
tpLH 
ns 
Low-to-High 


RL =3 kll, CL =50 
pF 
- 
300 
500 


High-to-Low 
tPHL 
RL =3 kll, CL =50 
pF 
- 
300 
500 


Output 
Slew 
Rate 
Tx1-3 
SR 
V/~s 


Minimum 
Load 


RL =7 kn, CL =0 
pF, VDD~6 
to 12 V, VSS= 
-6 
to 
-12 
V 
- 
±6 
±30 


Maximum 
Load 


RL=3 
kll, CL = 2500 pF 


VDD = 12 V, VSS = -12 
V 
- 
±3.0 
- 


VDD = 5 V, VSS = - 5 V 
- 
- 
- 


Propagation 
Delay Time 
D01-3 
ns 
Low-to-High 
tPLH 
- 
150 
425 


High-to-Low 
tPHL 
- 
150 
425 


Output 
Rise Time 
D01-3 
tr 
- 
250 
400 
ns 


Output 
Fall Time 
D01-3 
tf 
- 
40 
100 
ns 


14 
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Figure 3. Slew 
Rate Characterization 


VOO-POSITIVE 
POWER SUPPLY (PIN 1) 


The most positive power supply pin, which is typically 5 to 
12 volts. 


VSS-NEGATIVE 
POWER SUPPLY (PIN 8) 


The most negative power supply pin, which is typically 
- 5 
to - 12 volts. 


VCC-OIGITAL 
POWER SUPPLY 
(PIN 16) 


The digital supply pin, which is connected to the logic power 
supply (maximum + 5.5 volts). VCC must be less than or equal 
to VOO. 


GNO-GROUNO 
(PIN 9) 


Ground return pin is typically connected to the signal ground 
pin of the EIA-232-0 connector 
(connector 
pin 7) as well as 
to the logic power supply ground. 


Rx1, Rx2, Rx3-RECEIVE 
DATA INPUT 
(PINS 2,4,61 


These are the EIA-232-0 
receive signal inputs whose volt- 


ages can range from (VOO + 15 VI to (VSS -15 
V). A voltage 
between 
+ 3 and (VOO + 15 V) is decoded as a space and 
causes the corresponding 
DO pin to swing to ground 10 V); 


a voltage between - 3 and (VSS -15 
V) is decoded as a mark 
and causes the DO pin to swing up to VCC. The actual turn- 
on input 
switchpoint 
is typically 
biased at 1.8 volts above 
ground, and includes 800 millivolts of hysteresis for noise re- 
jection. 
The nominal input impedance is 5 kilohms. An open 
or grounded input pin is interpreted as a mark, forcing the DO 
pin to VCC' 


001,002, 
003-0ATA 
OUTPUT 
(PINS 11,13,151 


These are the receiver digital output pins, which swing from 
VCC to ground. A space on the Rx pin causes DO to produce 
a logic zero; a mark produces a logic one. Each output pin is 
capable of driving one LSTIL 
input load. 


011,012, 
013-0ATA 
INPUT 
(PINS 10, 12, 14) 


These are the high-impedance 
digital input pins to the driv- 
ers. TTL compatibility 
is accomplished 
by biasing the input 
switch point at 1.4 volts above ground. However, 5-volt CMOS 
compatibility 
is maintained 
as well. 
Input voltage 
levels on 
these pins must be between VCC and ground. 


Tx1, Tx2, Tx3- 
TRANSMIT 
DATA OUTPUT 
(PINS 3, 5, 7) 


These are the EIA-232-0 transmit signal output pins, which 
swing toward VOO and VSS. A logic one at a 01 input causes 
the corrresponding 
Tx output to swing toward VSS. A logic 
zero causes the output 
to swing 
toward 
VOO (the output 
voltages will be slightly less than VOO or VSS depending upon 
the output load). Output slew rates are limited to a maximum 
of 30 volts 
per microsecond. 
When 
the 
MC145406 is off 
(VOO = VSS = VCC = GNO), the minimum output 
impedance 
is 300 ohms. 


II 


The MC145406 has been designed to meet the electrical 
specifications 
of standards 
EIA-232-D and CCITT V.28. EIA- 
232-0 
defines the electrical 
and physical interface 
between 
Data Communication 
Equipment 
(DCE) and Data Terminal 
Equipment (DTE). A DCE is connected to a DTE using a cable 
that typically 
carries up to 25 leads. These leads, referred to 
as interchange 
circuits, 
allow 
the transfer 
of timing, 
data, 
control, and test signals. Electrically this transfer requires level 
shifting between the TTlI 
CMOS logic levels of the computer 
or modem and the high voltage 
levels of EIA-232-D, which 
can range from 
±3 to 
±25 volts. 
The MC145406, provides 
the necessary level shifting 
as well as meeting other aspects 
of the EIA-232-D specification. 


DRIVERS 


As defined by the specification, 
an EIA-232-D driver presents 
a voltage of between 
± 5 to ± 15 volts into a load of between 
3 to 7 kilohms. 
A logic one at the driver input 
results in a 
voltage of between 
- 5 to - 15 volts. A logic zero results in 
a voltage between 
+5 to 
+15 volts. When operating 
VDD 
and VSS at ± 7 to 
± 12 volts, the MC145406 meets this re- 
quirement. When operating at ± 5 volts, the MC145406 drivers 
produce less than ± 5 volts at the output 
(when terminated), 
which 
does not meet EIA-232-D specification. 
However, 
the 
output voltages when using a ± 5 volt power supply are high 
enough 
(around 
± 4 volts) to permit proper reception 
by an 
EIA-232-D receiver, and can be used in applications 
where 
strict compliance 
to EIA-232-D is not required. 
Another 
requirement 
of the MC145406 drivers is that they 
withstand 
a short to another 
driver in the EIA-232-D cable. 


The worst-case 
condition 
that is permitted 
by EIA-232-D is a 
± 15 volt source that is current 
limited to 500 milliamperes. 
The MCl45406 
drivers can withstand 
this condition 
momen- 
tarily. 
In most short circuit conditions 
the source driver will 
have a series 300 ohm output impedance needed to satisfy the 
EIA-232-D driver requirements. 
This will reduce the short cir- 
cuit current to under 40 mA which is an acceptable level for 
the MCl45406 
to withstand. 
Unlike some other drivers, the MC145406 drivers feature an 
internally-limited 
output 
slew rate that does not exceed 30 
volts per microsecond. 


RECEIVERS 


The job of an EIA-232-D receiver is to level-shift voltages in 
the range of 
-25 
to 
+25 volts down 
to TTlICMOS 
logic 
levels (0 to + 5 volts). A voltage of between 
- 3 and - 25 volts 
on Rxl is defined as a mark and produces a logic one at 001. 
A voltage between 
+ 3 and + 25 volts is a space and produces 
a logic zero. While receiving these signals, the Rx inputs must 
present a resistance between 3 and 7 kilohms. Nominally, the 
input resistance of the Rxl-3 
inputs is 5.4 kilohms. 


The input threshold of the Rxl-3 
inputs is typically 
biased 
at 1.8 volts above ground IGND) with typically 
800 millivolts 


of hysteresis included to improve noise immunity. 
The 1.8 volt 
bias forces the appropriate 
DO pin to a logic one when its Rx 
input is open or grounded as called for in the EIA-232-D spec- 
ification. 
Notice that TTL logic levels can be applied to the Rx 
inputs in lieu of normal EIA-232-D signal levels. This might be 
helpful in situations where access to the modem or computer 
through 
the EIA-232-D connector 
is necessary with TTL de- 
vices. However, it is important 
not to connect the EIA-232-D 
outputs (Txl-3) 
to TTL inputs since TTL operates off + 5 volts 
only, and may be damaged by the high output voltage of the 
MC145406. 
The DO outputs 
are to be connected 
to a TTL or CMOS 
input (such as an input to a modem chip). These outputs will 
swing from VCC to ground, allowing the designer to ·operate 
the DO and 01 pins from digital power supply. The Tx and Rx 
sections are independently 
powered by VDD and VSS so that 
one may run logic at + 5 volts and the EIA-232-D signals at 
± 12 volts. 


POWER 
SUPPLY 
CONSIOERATIONS 


VCC should not exceed VDD by more than 0.5 volts. 
Due 
to an internal diode between VOD and VCC, the power-up 
or 
power-down 
power supply sequences may permit VCC to be 
greater than VDD for a short period of time. This condition 
could cause parts to fail for longer periods of time. A diode 
as shown in Figure 4 can be used to protect the device from 
this condition. 


1 VDD 
VCC 
16 
+ 5 V 


POWER 
SUPPLY 


6 
16 


20 


VOO 
VCC 
TlA 
VOO 
Xin 
COSI 
RTlA' 
• 
MC145442/3 
0 
3579 
MC145406 
OTMF~ 
1 
OSI 
MHz 
14 
---@:»- 
h1 
3 
INPUT 
20 
k 
17 
Xout 
011 


0.1 
~F 
hA 
eo 
3 
15 
RxA2 
hO 
11 
15 
-0(}- 
Rxl 
2 


Rh 
001 
EIA·232·0 


600 
RxO 
5 
OB·25 


10 
12 


~ 
Tx2 
5 
CONNECTOR 
10 
~F 
+ 
16 
RxA 1 
10 
k 
012 
"'3j 
600:600 
NC 
13 
002 -0(}- 
Rx2 
II 
10 
k 


RIN 


~ 


lB 
10 
013 
h3 
7 NC 
VOO 
Exl 
CFB 


o.'~Fl 


10 k 
FB 
003 --cx::::J-- 


0.1 
~F 
NC 
11 
Rx3 
VOO BYPASS 
19 


VAG 


COT 
VSS 
COA 
7 
VSS 
GNO 


0.1 
~F 
0.1 
~F 
12 


CCOA' 
• 
B 
9 


VSS 
BYPASS 
CCOT 
0.1 
~F 


* Line protection 
circuit 
** Refer to the applications 
information 
for values 01 CCDA 
and RTLA 


MC34119 


SPEAKER 


DRIVER 


MC145410 


PULSEITONE 


OIALER 


3 
6 
B 9 


• 
0 
, 
J- 


LINE 


MC145503 
RINGING 
INTERFACE 


FILTERI 


MC145426 
(TRANSFORMER 
UOLT 
COOEC 
ANO 
TWISTEO 
PROTECTION) 
PAIR 


SYNC 


CONNECTION 
MC145406 
MC14542B 
MC34129 
+5V 
TO EXTERNAL 
RS·232 
DATA 
SWITCHING 
LINE 
TERMINAL 
DRIVER 
SET 
GNO 
POWER 
FILTER 


OR PC 
RECEIVER 
INTERFACE 
-5V 
SUPPLY 


(ISOLATED) 


Figure 6. Line-Powered 
Voice/Data 
Telephone 
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The MC145411bit rate generator is constructed with complementary 


MOS enhancement mode devices. It utilizes a frequency divider net- 
work to provide a wide range of output frequencies. 


A crystal controlled oscillator is the clock source for the network. A 
two-bit address is provided to select one of four multiple output clock 
rates. 


Applications Include a selectable frequency source for eqUipment in 


the 
data 
communications 
market, 
such 
as teleprinters, 
printers, 
CRT 


terminals. 
and 
microprocessor 
systems. 


• 
Single 5.0 V (± 5%) Power Supply 


• 
Internal Oscillator Crystal Controlled for Stability lto 4 MHz) 


• 
Sixteen Different Output Clock Rates 


• 
50% Output Duty Cycle 


• 
Programmable Time Basesfor One of Four Multiple Output Rates 


• 
Buffered Outputs Compatible with Low Power TTL 


• 
Noise Immunlty=45% 
of VDD Typical 


• 
Diode Protection on All Inputs 


• 
External Clock May be Applied to Pin 13 


• 
Internal Pullup Resistor on Reset Input 


Rating 
Symbol 
Value 
Unit 


DC Supply Voltage 
Range 
VDD 
52510-05 
V 


Input Voltage, 
All Inputs 
VIO 
VDD+O 
510 
V 
VSS - 05 


DC Current Dram per Pm 
I 
10 
mA 


Operating Temperature 
Range 
TA 
- 40 10 + S5 
'C 


Storage Temperature 
Range 
Tsig 
-6510 
+ 150 
'C 


Rate SelectA 


Rate Selects 
1 Fl 


10 F2 


2 F3 


9 F4 


3 F5 


4 F6 


5 F7 


6 FS 


VDD= 
Pin 16 


VSS=PIOS 


CMOS LSI 


ILOW-PDWER 
COMPLEMENTARY 
MOS) 


L SUFFIX 


CERAMIC 
PACKAGE 


CASE 620 


P SUFFIX 
PLASTIC 
PACKAGE 


CASE 648 


PIN ASSIGNMENT 


Fl 
VDD 


F3 
RSA 


F5 
RSS 


F6 
Xtaltn 


F7 
Xtalout 


FS 
F9 


Reset 
F2 


VSS 
F4 


ThiS 
device 
contains 
CirCUitry 
to proteCt 
the 


Inputs 
agamst 
damage 
due 
to 
hIgh 
static 
voltages or electric fields, however, 
II IS ad- 


vised that 
normal precautions 
be taken 
to 
avoid application of any voltage higher than 
maximum 
rated 
voltages 
to 
thiS high 
Im- 


pedance 
CirCuit 
For proper 
operation 
It IS 


recommended 
that 
VIn and Vout 
be con- 


stramed 
to 
the 
range 
VSS 
~ (Vin 
or 


Vout):$VOO 


Unused Inputs must always be tied to an 
appropriate 
logIC voltage 
level (e g .. either 


VSS or VDDJ. 


II 


Voo 
«1°C 
25°C 
+ 86°C 
Unit 
Characteristic 
Symbol 
V 
Min 
Max 
Min 
Tvo 
Max 
Min 
Max 


Sup 
Iy Voltaae 
Vnn 
- 
4.75 
525 
4.75 
50 
5.25 
4.75 
5.25 
V 


Output 
Voltage 
"0" 
Level 
Vout 
50 
- 
005 
- 
0 
0.05 
- 
0.05 
V 


"I" 
Level 
50 
4.95 
- 
4.95 
50 
- 
495 
- 
V 


Input Voltage 
V 


1VO = 4.5 or 0.5 VI 
VIL 
5.0 
- 
1.5 
- 
225 
1.5 
- 
1.5 


1VO=0.5 
or 4.5 Vdcl 
VIH 
5.0 
3.5 
- 
3.5 
2.75 
- 
3.5 
- 


Output 
Drive Current 
mA 


IVOH=2.5 
VI 
Source 
IOH 
5.0 
-0.23 
- 
-0.20 
-1.7 
- 
-0.16 
- 


1VOL =0.4 
VI 
Sink 
IOL 
5.0 
023 
- 
0.20 
078 
- 
0.16 
- 


Input Current 
Iin 
.A 
Pins 13, 14, 15 
- 
- 
±0.1 
- 
±O.OOOOI 
±0.1 
- 
± 1.0 


Pin 7 
5.0 
- 
- 
-1.5 
- 
-7.5 
- 
- 


Input 
Capacitance 
IVin = 01 
Cin 
- 
- 
- 
- 
5.0 
- 
- 
- 
pF 


Quiescent 
Dissipation 
Po 
5.0 
- 
2.5 
- 
0015 
25 
- 
15 
mW 


Power Dissipation·· t 
Po 
mW 


(Dynamic plus Ouiescent) 
5.0 
- 
- 
Po=17.5mW/MHzl 
f+PO 


IC 
= 15 pFJ 


Output 
Rise Time-· 
tTLH 
50 
- 
- 
- 
70 
200 
- 
- 
ns 


tr = 13.0 ns/pFI 
CL + 25 ns 


Output 
Fall Time 


9 
• 
ITHL 
50 
- 
- 
- 
70 
200 
- 
- 
ns 


11= 11.5 ns/pFI 
CL +47 
ns 


Input Clock Frequency 
ICL 
5.0 
- 
40 
- 
- 
4.0 
- 
40 
MHz 


Clock Pulse WIdth 
tWICI 
- 
200 
- 
200 
- 
- 
200 
- 
ns 


Reset Pulse WIdth 
tWIRl 
- 
500 
- 
500 
- 
- 
500 
- 
ns 


tFor dissipation at different external capacitance 
(eL) 
refer to corresponding formula: 


PTICL = Po + 2.6 x 10- 
31CL - 15 pFI V002f 
where: 
PT. Po in mW, 
CL In pF, VOO in V, and f In MHz. 


·-The 
formula given is for the typical characteristics only. 


Rate Select 


B 
A 
Rate 


0 
0 
Xl 


0 
1 
X8 


1 
0 
X16 


1 
1 
X64 


Output 
Output 
Rates IHzl 


Number 
x64 
x 16 
x~ 
xOl 


Fl 
614.4 k 
153.6 k 
76.8 k 
9600 
F2 
230.4 k 
57.6 k 
288 
k 
3600 


F3 
153.6 k 
38.4k 
19.2 k 
2400 


F4 
115.2 k 
28.8 k 
14.4 k 
1800 


F5 
768 
k 
192 
k 
9600 
1200 


F6 
38.4k 
9600 
4800 
600 


F7 
19.2 k 
4800 
2400 
300 
F8 
9600 
2400 
1200 
150 


F9' 
1.843 M 
1.843 M 
1.843M 
1.843 M 


Output 
Output 
Rates 1Hz) 


Number 
x64 
x16 
x~ 
xOl 


Fl 
1.22 M 
307.2 k 
153.6 k 
19.2 k 
F2 
4608 
k 
115.2 k 
57.6 k 
7200 


F3 
3072 
k 
768 
k 
38.4k 
4800 


F4 
230.4 k 
576 
k 
288 
k 
3600 


F5 
1536 
k 
38.4k 
192 
k 
2400 


F6 
76.8 k 
192 
k 
9600 
1200 
F7 
38.4k 
9600 
4800 
600 
F8 
19.2 k 
4800 
2400 
300 
F9' 
3.6864 M 
3.6864 M 
3.6864 M 
3.6864 M 


~VDD 


Input 
10% 
VSS 


~ 


90% 
VOH 


10% 
Output 
VOL 


tTLH 
tTHL 


II 


-, 


......&.... 5 pF 
-.-...-, 
...L 
~ 
_T 
12pF 


Crystal Specrtic8tions 
Crystal Mode 
Frequency 


Parallel 
1 8432 MHz or 36864 
MHz 
±005%@13pF 
540 (} mall 
lO 
pF mal( 
01070°C 
lmW 


TS 
- 
330/TSM 
or 
EQul .•••alent 


RS 
Co 
Temperature 
Range 
Test Le..•.el 


Test Set 


II 


® MOTOROLA 


The 
MC145412 
and MC145413 
are silicon 
gate. monolithic 
CMOS integrated circuits which convert keyboard inputs into either 
pulse or DTMF outputs for telephone dialing. 
All of the features for 


implementing 
pulse or DTMF dialing 
are provided. 
Additionally, 
both parts provide last number redial and repertory memory. 


Both parts work with either a 3 x 4 or 4 x 4 keyboard. and have 
a four second pause input. 
When used with a 4 x 4 keypad. the MC 


145413 provides a keypad selectable pause/switch function 
which 
couples a tour second pause with a switch in dialing modes (DTMF 
to pulse and vice versa). 
This dialing mode change is possible in all 


dialing sequences (normal, 
redial. and recall I. 
The MC145412 
re- 
quires manual switching of dialing modes. 


The 
repertory 
memory 
can 
store 
nine. 
18 
digit 
numbers 
Manual and automatic dialing can be cascaded in any order. 
During 
repertory memory programming, dialing outputs are disabled. 


Both 
parts provide a 500 hertz tone signal output 
in the pulse 
dialing mode for user feedback. 
The mute output 
can be used to 


isolate the receiver from 
dialing outputs. 
The dialer can be con- 
trolled 
by an MCU. 


• 
The MC145412 
is Pin Compatible 
with 
LR 4803 (except 


Pin 7) and the MC145413 Adds Keypad Selectable Switch- 


ing of Dialing Modes 


• 
Single Pin Switchable 
Between DTMF, 
10 pps and 20pps 


• 
Memory 
Storage for 9,18 
Digit 
Numbers, Plus Last Num- 


ber Redial 


• 
Uses Standard 2-of-7 or 2-of·8 or Form A Type Keyboards 


• 
Uses3.579545 MHz Colorburst Crystal 


• 
Telephone Line Powered 


• 
Stand Alone DTMF Dialer/Stand Alone Pulse Dialer 


• 
Silicon Gate CMOS Technology 
for 2.5 - 6.0V 
Low Power 


Operation 


MS 


fiili 
torT 
fiiL2 
C5iJ 


1ffiWT 


ROW 2 


ROW 3 


ROW 4 


OH 


OSC •• 
OS~ 
OSCOlII 


MC 145412 
MC145413 


CMOS 


PIN ASSIGNMENT 


YOO 
18 
OTMF 
OUT 
ffi4 
17 
OPL 


Ciili 
16 
1ffiWT 


COi2 
15 
R6W2 
con 
14 
RciWJ 


Yss 
13 
ROW 4 


TSO 
12 
OH 


OSC •• 
" 


M1i 


OSCOlIt 
10 
MS 


P SUFFIX 
PLASTIC 
CASE 
707 


>---OOTMF 
OUT 


~ 


YOO·PIN 
t 


VSS·P1N 
6 


® MOTOROLA 


The MC145414 is sampled data, switched capacitor filter IC intended 
to provide band limitmg and signal restoratIOn filtering. It IS capable of 
operating 
from 
either a single or split power supply and can be 
powered-down when not m use. Included on the IC are two totally un- 
committed 
op amps for use elsewhere In the system as I to V con- 
verters, gam adjust buffers, etc. 


• 
Two General Purpose 5th Order ElliptiC Low Pass Filters 


• 
Low Operating Power Consumption - 
30 mW ITYPlcall 


• 
Power Down Capability - 
1 mW (Maximum) 


• 
± 5 to ± 8 Volt Power Supply Ranges 


• 
TTL or CMOS Compatible Inputs Using VLS Pm 


• 
Two 
Operational 
Amplifiers 
Available 
to 
Reduce Component 
Count 


• 
Useful In LPC or CVSD Speech Applications 


• 
Passband Edges Tunable With Clock Frequency From 1.25 kHz to 
10 kHz 


CloCk' 


Clock2 


VLS 


::~ 


AO~~:~ 


+6~ 


CMOS LSI 


{LOW-POWERCOMPLEMENTARYMOSI 


DUAL TUNABLE 


LOW PASS 


SAMPLED 
DATA 
FILTERS 


L SUFFIX 


CERAMIC 
PACKAGE 


CASE 
620 ,- 
I 


P SUFFIX 


PLASTIC 
PACKAGE 


CASE 
648 


PIN ASSIGNMENT 


VAG 
16 
VDD 


+A 
15 
Ain 


-A 
14 
Aout 


AO 
13 
Bin 


60 
12 
Bout 


-6 
11 CLK' 


+6 
10 CLK2 


VSS 8 
VLS 


MC'4XXXX 


bL 
Ceram,cPackage 
P PlastIC Package 


ThIS 
deVIce 
contains 
circuItry 
to protect 


the 
Inputs 
against damage 
due to high 
static vOltages or electric fIelds. however. 


It IS adVised that normal precautions 
be 
taken to avoid application of any vOltage 
hIgher than maximum 
rated voltages to 


thIS high Impedance CIrcuit. For proper 
operation It IS recommended 
that V In and 
Vout 
be 
constrained 
to 
the 
range 


VSS~(Vln 
or Vout)::50VOD 


Unused 
Inputs 
must always be tied to 


an appropriate logiC voltage level (e.g. 
€ltherVSS or VDOJ 


Rating 
Symbol 
V_ 
Unit 


OC Supply 
Voltage 
VOO-VSS 
0.5 to 18 
V 


Input Voltage. 
All Pins 
Vin 
0.5 to VOO 
+ 0.5 
V 


DC Current 
Drain per Pin (Excluding 
VOD. 
VSSI 
I 
10 
mA 


Operating 
Temperature 
Range 
TA 
o to 116 
'C 


Storage 
Temperature 
Range 
T5tg 
-66 
to 150 
'C 


RECOMMENDED OPERATING CONDITIONS 


Parameter 


OC Supply 
Voltage 


Clock 
1, 2 Frequency 


Symbol 
VOO 
25'C 
Unit 
Characteristic 
Typ 
MIX 
Vdc 
Min 


Operating 
Current 
100 
12 
2.0 
4.0 
mA 


Power-Down 
Current 
(POI = VSS) 
IPO 
12 
- 
10 
40 
~A 


Input 
Capacitance 
Cin 
12 
- 
5.0 
- 
pF 


MODE CONTROL 
LOGIC LEVELS 


VLS Power-Down 
Mode 
VIH 
12 
11.5 
11 
- 
V 
15 
14.5 
13 
- 


VLS TTL 
Mode 
- 
12 
4.0 
- 
8 
V 
15 
50 
- 
9 


VLS CMOS 
Mode 
VIL 
12 
- 
- 
0.8 
V 
15 
- 
- 
0.8 


VAG 
Power-Oown 
Mode 
VIH 
12 
11.5 
10.5 
- 
V 
15 
14.5 
13.5 
- 


VAG 
Analog-Ground 
Mode 
VIL 
12 
- 
- 
7.0 
V 
15 
- 
- 
9.0 


CMOS 
LOGIC LEVELS 
IVLS ~ VSSI 


Input Current Clock 1, 2 
"I" 
Level 
lin 


12 
- 
50 
100 
~A 
(Internal 
Pulldown 
Resistors) 
"0" Level 
12 
- 
-0.סס OO1 
-0.3 


Input Voltage 
Clock 1,2 
"0" 
Level 
VIL 
12 
- 
525 
3.0 
V 
15 
- 
6.75 
3.5 


"'" 
Level 
VIH 
12 
9.0 
6.75 
V 
15 
11.5 
8.25 
- 


TIL 
LOGIC LEVELS 
IVLS = 6 V, VSS = 0 VI 


Input Current 
Clock 1, 2 
"I" 
Level 
lin 
12 
- 
50 
100 


~A 
(Internal 
Pulldown 
Resistor) 
"0" Level 
12 
- 
-0.סס OO1 
-0.3 


Input Voltage 
Clock I, 2 
"0" 
Level 
VIL 
12 
- 
- 
VLS+0.8 
V 


"'" 
Level 
VIH 
12 
VLS+2.0 
- 
- 


Symbol 
2S°C 
Unit 
Characteristic 
Min 
Typ 
Max 


Input 
Current 
Ain. Bin 
lin 
- 
± O.<XXXJl 
±1.0 
~A 


Input 
Current 
VAG 
lin 
± O.<XXXJl 
±10 
~A 


AC Input Impedance 
11kHzI 
Ain. Bin 
lin 
- 
2 
MO 


Input 
Common 
Mode 
Voltage 
Range 
Am. 
Bin. 
+ A, 
- A, + B. 
- 
B 
VICR 
2.0 
- 
10.0 
V 


Input 
Offset 
Current 
+ A to - A, + B to - B 
liD 
- 
± 10 
- 
nA 


Input 
Bias 
Current 
+A, 
-A, 
+B,-B 
liB 
- 
±0.10 
± 1.0 
nA 


Input Dffset Voltage 
+Ato 
A, +Bto 
B 
VID 
±10 
±70 
mV 


Output Voltage Range 
AO, BO, Aout, 
Bout 
IRL~2OkOloVAG, 
RB~"'I 


VDR 
1.5 
- 
10.5 
V 
IRL = 600 0 to VAG, 
RB = 1.6 kO to VDDI 
30 
- 
8.3 


IRL = 900 0 to VAG, 
RB = 1.8 kO to VDDI 
25 
- 
9.0 


Small 
Signal Output 
Impedance 
(1 kHz) 
Aout 
Zo 
- 
50 
- 
0 


Bout 
- 
50 
- 


Output 
Current 
1VO= 10.5VI 
Aout, 
Bout, AO, BO 
IOH 
-200 
-400 
- 
~A 


IVO~ 
1.5VI 
Aout, 
Bout, AO, BO 
IOL 
5 
7.5 
- 
mA 


Umty 
Gain Output 
NOise 
AO, BO 
- 
- 
15 
pVrms 


FILTER A SPECIFICATIONS 


IVDD-VEE~12V, 
Clock 
" 
2=128 
kHz, V,n=OdBmO, 
full scale= 
+3dBmO, 
7V 
pop) 


2S°C 
Characteristic 


Min 
Typ 
Max 
Unit 


Ga,n 11020 HzI 
17.4 
18 
18.6 
dB 


Passband 
R,pple 150 Hz to 3000 Hzl 
- 
0.24 
1.0 
dB 


Out of Band Response 
3400 Hz 
- 
-0.8 
-1.5 
dB 
4000 Hz-4600 Hz 
-10 
-15.5 
- 


4600 Hz-54 kHz 
-25 
-33.0 
- 


Output 
NOise IAm- 
VAG) 
ref 109000 
- 
10 
17 
dBrncO 


DynamIC 
Range 
76 
83 
- 
dB 


DifferentIal 
Group 
Delay 


1150 to 2:nJ 
kHz Delay 
- 
- 
- 


~s 
1000 10 2500 kHz Delay 
- 
- 
- 


900 to 2700 kHz Delay 
- 
- 
- 


Power 
Supply 
ReJect,on RallO IVDD - 12 V + O.1 VRMS 
@ 1 kHz) 
- 
36 
- 
dB 


Crosstalk 
IA,n - VAG, 
B,n - 0 dBmO Output 
at Aout 
at 3 kHz) 
- 
76 
- 
dB 


Characteristic 
2S'C 
Unit 


Min 
Typ 
Max 


Gain 11020 Hzl 
-0.7 
±0.15 
+0.7 
dB 


Passband 
Ripple 1:nJ Hz to 3000 Hzl 
- 
0.22 
1.0 
dB 


Response 


3400 Hz 
- 
-0.8 
-1.7 
dB 
4000 Hz-4600 Hz 
-10 
- 15.5 
- 


4600 Hz-54 kHz 
-28 
-330 
- 


Output Noise l~ 
Hz·J400 Hz) 
8 
14 
dBrncO 


DynamIC 
Range 
(7 V 
p-p 
MaxI 
79 
87 
- 
dB 


Differential 
Group 
Delay 


"50 
to 2:nJ 
kHz Delay 
- 
- 
- 


1000 to 2500 kHz Delay 
- 
- 
- 
~s 


900 to 2700 kHz Delay 
- 
- 
- 


Crosstalk 
1Bin=VAG, 
A,n=OdBmO@ 
3 kHz Output 
al LPO @ 3 kHz) 
- 
76 
- 
dB 


Power 
Supply 
Rejection 
RatiO 
36 
dB 


II 


II 


Characteristics 
Symbol 
o to 70·C 
Units 
Min 
Typ 
Max 


Input Rise Time 
Clock " 2 
tTLH 
- 
- 
4 
~s 
Input Fall TIme 
tTHL 
PulseWidth 
Clock " 2 
tWH 
200 
ns 


Clock Pulse Frequency 
Clock t, 2 
fCL 
50 
400 
kHz 


Clock " 2 Duty Cycle 
- 
40 
- 
60 
% 


Pin 1 - 
VAG (Analog Ground) 


This pin should be held at approx'mately IVDD-VEEI/2. All 


analog inputs and outputs are referenced to this pin. If this 
pin IS brought to within approximately 1.0 V of VDD, the 
chip will be powered down. 


Pin2-+A 


Non-inverting input of op-amp A. 


Pin3--A 


Inverting Input of op-amp A. 


Pin4-AO 


Output of uncommitted op-amp A. 


Pin 5 - 
BO 


Output of uncommitted op-amp B. 


Pin 6 - 
-B 


Inverting Input of op-amp B. 


Pin7-+B 


Non-inverting Input of op-amp B. 


Pin B - 
VSS 


This is the most negative supply pin and digital ground for 
the package. 


Pin 9 - 
VLS (Logic Shift Voltage) 


The voltage on this pin determines the logiC compatibility 


for the Clock I, 2 Inputs. If VLS ISwithin O.BV of VSS, the 
thresholds will be for CMOS operating between VDD and 
VSS. If VLS is within 
1.0 V of VDD, the chip will power 
down. 
If VLS IS between VDD - 2 V and VSS + 2 V, the 
thresholds for logiC Inputs at Clock " 
2 will be between 
VLS + O.BV and VLS + 2.0 V for TTL compatibility. 


Pin 10 - 
Clock 1 


Always tie clock 1 and clock 2 together. 


Pin 11 - 
Clock 2 


Always tie clock 1 and clock 2 together 


Pin 12 - 
Bout (Lowpass Filter B) 
ThiS ISthe output of B lowpass filter. 


Pin 13 - 
Bin (Lowpass Filter Bl 
ThiS ISthe Input to filter B. 


Pin 14 - 
Aout ILow pass Filter A) 


ThiS pin is the output to filter A. 


Pin 15 - 
Ain (Lowpass Filter AI 


This ISthe input to filter A. 


Pin 16 - 
VDD 


Nominally 12 volts. 


FILTER A DESCRIPTION 


Filter A of the 
MC145414 IS a 5-pole elliptic 
tunable 


lowpass filter operating at a sampling rate determined by 
clock 1 and clock 2. This filter provides band limiting that IS 
a direct function of clock 1 and clock 2. With a 12B kHz 
clock, the band limiting frequency is 3.6 kHz. By dividing the 
clock in half to 64 kHz, the band limiting frequency is cut In 
half to 1.B kHz (as illustrated in Figure 1l. Likewise by dou- 
bling the clock, the cutoff point will double las illustrated In 
Figures 3 and 4l. The clock frequency can be varied from 
50 kHz to 400 kHz. Filter A, unlike filter B, has a gain of lB 
db. Because the MC145414is a sWitch capacitance filter, the 
sampled output signal will have switching noise present near 
multiples of the switching frequency; a single-pole RC filter 
may be required to reduce this. 


To provide 
50/60 
Hz and 
15 Hz rejection, 
a 3-pole 
Chebychev highpass filter can be externally realized with the 
MC145414 by uSing the uncommitted op-amps as an active 
filter. This is shown in Figure 5 and 6. 


FILTER B DESCRIPTION 


Filter B In the MC145414 conSists of a 5-pole elliptic 
tunable lowpass filter operating at a sampled rate determined 
by clock 1 and clock 2. Filter B ISfunctionally Similar to 'i1ter 
A, except filter B has unity gain. 


Clock 1 and 2 


LogiC levels of these Signals can be either TTL or CMOS 


compatible. ChOiceof logiC level can be user determined by 
applying the appropflate voltage to the level shift control pin, 
VLS. Clock I, 2 pinS should be tied together 


Power Down 


The MC145414may be powered down by bflnglng VAG to 


within 1.7 V of VCC or by bflnglng VLS to within 1.7 V of 
VDD 


j 
- 


~~ 


=><>~ 
-10 
i -15 


-25 


<> 
<> 
-30:-35 


-l 
-40 


.} 
-45 


0.1 k 


I 


r'\ 


-5 


-10 
i 
-15 
~ 
~ 
-20 
;!; 


<> 
-25 
o 
-30 
S~ 
-35 
-40 
.} 


5 k 
10k 
20 k 
100 k 


tin. 
INPUT 
fREQUENCY 
1Hz) 


III 
-W 


- 
- 
- 
- 
- 
- 


- =I 
- 


11'1 


iii,.~ 
~ 
=> 
-5 
<> 
~ -10 
~ -15 
~ 
iC -20 
;!; 
:s - 25 


~ 
-30 
..• 
"'. -35 
;!J -40 


0.1 k 


- 
- 


iii 
~ 
-0 


-5 


~ 
-10 
~ 
~ 
-15 
~ 
-20 


<> 
-25 


<>S 
-30 


c -35 
::: 
.} 
-40 


10k 
20k 
lOOk 
t". INPUT 
fREQUENCY 
1Hz) 


II 


II 


Cl, 
C2, C3 
4700pF 
C4 
02 
~F 
Al 
112 kO VOW 
A2 
620 kO VOW 
A3 
223 kO 
VOW 
A4 
100kO 
VOW 


±1% 
-20%+80% 
1% 
1% 
1% 
10% 


Al 
tl 


C4 


Bin 
13 
12 
Bout 


Cl 
C2 


lln = 9(X) 0 
A Low Pass 


V1n Max= 
+3 
dBm 
AIO 
A2 
A6 
A3 
A4 


A5 


VAG 
VAG 
VDD 


Zout~900 
iJ 
A8 


Vout Max= 
+3 dBm 
A9 
14 tl 


15 


Ain 


Aout 
A7 


All 
B Low Pass 


Cl,C2,C3 
C4 
Al 
A2 
A3 


A4 
A5 


4700 pF 
0.2.F 
236 kO Y.W 
294 kO Y.W 
223 kO Y.W 
100 kO Y.W 


ZOO kO Y.W 


±1% 
-20% 
+80% 
1% 
1% 
1% 
10% 
1% 


169 kO Y.W 
241dl 
Y.W 
33 kO Y.W 
18 
kO VOW 


9OO0Y.W 
9OO0Y.W 
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DUAL TUNABLE LINEAR PHASE lOW-PASS 
SAMPLED DATA FilTERS 


The MC145415 is sampled data. switched capacitor filter IC intended 


to provide band limiting and signal restoration filtering. 
It is capable of 
operating 
from 
either 
a single 
or split 
power 
supply 
and can 
be 
powered-down 
when not in use. Included on the IC are two uncommit- 


ted comparators 
for use elsewhere in the system. 


• 
Two linear 
Phase 5th Order Low-Pass Filters 


• 
Low Operating Power Consumption 
- 
20 mW lTypicall 


• 
± 2.5 to ±8 Volt Power Supply Ranges 


• 
CMOS Compatible Inputs Using VDG Pin 


• 
Two Comparators Available to Reduce Component 
Count 


• 
Useful in High Speed Data Modem Applications 


• 
Pass-Band Edges Tunable With Clock Frequency from 1.25 kHz to 
10 kHz 


14 
Aou! 


10 
ClK 


VAG 


13 
Bin 


loop 
11 


Bout 
12 


CMOS LSI 
(lOW·POWER 
COMPLEMENTARY 
MOS) 


DUAL TUNABLE 
LINEAR PHASE LOW-PASS 
SAMPLED 
DATA 
FILTERS 
- 


1 


l SUFFIX 


CERAMIC 
PACKAGE 


CASE 
620 


P SUFFIX 


PLASTIC 
PACKAGE 


CASE 
648 


PIN ASSIGNMENT 


VAG 
vOO 


+A 
A,n 


-A 
Aout 


AO 
4 
Bon 


BO 
Bou1 


-B 
Loop 


+B 
ClK 


vSS 
VOG 


MC14XXXX blCe,am,c Package 


P PlastiC 
Package 


ThiS 
deVice 
contains 
CirCUitry 
to protect 
the 
Inputs 
against damage 
due to high 


static 
voltages 
or electric 
fields. 
however. 


It IS adVised that normal precautions 
be 


taken to avoid application of any voltage 
higher than maximum 
rated voltages to 


thiS high Impedance 
CirCUit For proper 


operation 
It IS recommended 
that 
Vm 
and 


VOU1 
be 
constrained 
to 
the 
range 


VSS::s; 
tV.n 
Of VOUI':s 
VOD 


Unused 
Inputs must 
always 
be 
tied 
to 


an appropriate 
logIC voltage 
level le g , 


either VSS or VOOI 


Characteristic 
Symbol 
Min 
Typ 
Max 
Unit 


Input Current 
A1n. Bin 
I,n 
- 
± O.C<XXll 
±1O 
"A 
Input Current 
VAG 
lin 
± O.C<XXll 
±50 
"A 
AC Input Impedance 
11kHz) 
A1n. Bin 
Z,n 
2 
MO 


Input Common Mode Voltage Range 
Aln. Bin' + A. - A. + B. - B 
VICR 
2.0 
- 
10.0 
V 


Input Offset Current 
+ A to - A. + B to - B 
liD 
- 
± 10 
- 
nA 


Input Bias Current 
+A. 
A. + B. 
B 
liB 
±O 10 
± 1.0 
nA 


Input Offset Voltage 
+A 
to 
A. + B to 
B 
VID 
± 10 
± 70 
mV 


Output Voltage Range 
Aout. Bout 
VOR 
V 
IRL =20 
kO to VAG. 
RB= 
00) 
1.5 
- 
10.5 


IRL = 900 0 to VAG. 
RB = I.B kQ to VDDI 
2.5 
- 
90 


IRL = 600 kO to VAG. 
RB = 1.6 kO to VDD) 
30 
- 
B3 


Small Signal Output Impedance 11kHz) 
Aout 
Zo 
- 
50 
- 
0 


Bout 
- 
50 
- 


Output Current 
IVO~105VI 
Aout. Bout 
IOH 
- 200 
-400 
- 
"A 


IVO~15VI 
Aout. Bout 
tOL 
5 
75 
- 
mA 


Comparator Output Current 
AO. BO 
IVO=9.5 
V) 
tOH 
-1.1 
- 2.25 
- 
mA 


IVO=05V) 
IOL 
-30 
-BB 
- 


Characteristic 
Min 
Typ 
Max 
Unit 


Gatn 1300 Hzt 
17 
lB 
19 
dB 


Responses I Ref 
300 HzI 
dB 
2400 Hz 
-36 
-30 
-24 


4800 Hz 
-16 
-13 
B 
-12 
B 


Idle NOIse IAon-VAG. 
Ref 
to 600 01 
- 
13 
24 
dBrne 


DynamiC Range lFul1 Scale Output/Idle 
NOlsel 
76 
B7 
- 
dB 


DeViation From Linear Phase de to 2400 Hz 
- 
25 
- 
de9 


Power 
Supply 
RejectIon 
Ratoo IVDD = 12 V + 0 1 VRMS 
@ 1 kHz) 
- 
36 
- 
dB 


Crosstalk lAin - VAG. Bin - 0 dBmO. Output at Aout at 3 kHz) 
- 
76 
- 
dB 


Characteristic 
Min 
Typ 
Max 
Unit 


Gatn (30.) Hz) 
-07 
±015 
+07 
dB 


Response f Ref 
300 Hz) 
dB 
2400 Hz 
-36 
-30 
-24 
4800 Hz 
-16 
-141 
-128 


Idle NOIse 1300 Hz. Ref to 600 01 
- 
9 
24 
dBrne 


DynamiC Range (Full Scale Outp'.Jt/ldle NOlsel 
76 
91 
- 
dB 


DeViatIon From Linear Phase Ide to 2400 Hzl 
- 
25 
- 
deg 


Power 
Supply 
Relectlon 
Ratto IVDD-12 
V +01 
VRMS 
@ 1 kHz) 
- 
36 
- 
dB 


Crosstalk 
lB,n-VAG. 
Aon-O 
dBmO@ 
2 kHz. Output 
at Bout) 
- 
76 
- 
dB 


II 


•• 


Rating 
Symbol 
Value 
Unit 


DC Supply 
Voltage 
VOO-VSS 
-0.5 
to 18 
V 


Input VOltage. All PinS 
V,n 
- 0.5 to VOO 
+ 0.5 
V 


DC Current 
Dram per Pin (Excluding 
VOD. 
VSS) 
I 
10 
mA 


Operating 
Temperature 
Range 
TA 
-40 
to 85 
'C 


Storage 
Temperature 
Range 
Ts1g 
-65 
to 150 
'C 


RECOMMENDED OPERATING CONDITIONS 


Par.meter 


DC Supply 
Voltage 


Clock 
Frequency· 


Characteristic 
Symbol 
Min 
Max 
Unit 


Operating 
Current 
100 
- 
4 
mA 


Input 
Capacitance 
(in 
- 
10 
pF 


Input 
Low Voltage 
(Pins 10. 111 
VIL 
- 
VOG + 0.3(VOO 
- VOGI 
V 


Input 
High Voltage 
(Pins 10. 111 
VIH 
0.7 x (VOO - VOGI + VOO 
- 
V 


Input 
Leakage 
Current 
lPins 
10. 111 
IlL 
VOO - 0.3IVOO 
- VOGI 
2.5 
~A 


VOG Reference 
Voltage 
(Pin 91 
VOG 
VSS 
VOO-4.5 
V 


Characteristics 
Symbol 
Min 
Typ 
Max 
Units 


Input Rise Time (Pin 101 
tTLH 
- 
- 
4 
~s 
Input FallTime (Pin 10l 
tTHL 
- 
- 
4 
~s 


PulseWidth (Pin 101 
tWH 
200 
- 
- 
ns 
Clock PulseFrequency(Pin 10l 
fCL 
50 
- 
400 
kHz 
Clock Duty Cycle (Pin 10l 
- 
40 
- 
60 
% 


VDD (PIN 16) 


Positive supply pin. 


VSS (PIN 8) 


This is the most negative supply pin. 


VAG. ANALOG 
GROUND (PIN 1) 


This pin should be held at approximately 
(VDD - VSSI/2. 


All analog inputs and outputs 
ara referenced to this pin. 


+A 
(PIN 2) 


Non-inverting 
input of comparator 
A. 


-A 
(PIN 3) 


Inverting input of comparator 
A. 


AO (PIN 4) 


Output 
of comparator 
A. 
This is a standard 
'B' 
series 
CMOS output. 


BO (PIN 
5) 


Output 
of comparator 
B. This is a standard 
'B' 
series 
CMOS output. 


-B 
(PIN 6) 


Inverting input of comparator 
B. 


+B 
(PIN 7) 


Non-inverting 
input of comparator 
B. 


VDG. DIGITAL GROUND (PIN 9) 


This pin is logic ground reference for the CLK and LOOP 


pins. 


CLK. CLOCK (PIN 101 
This is the clock input that determines the location of the 
cutoff 
frequency of the filters as given below: 


LOOP (PIN III 


When this pin is high, the input to filter A is disconnected 
from the pad and shorted to the filter B output pin. With this 
pin low, the loop back mode is disabled. 


Bout. LOW-PASS 
FILTER B OUTPUT (PIN 12) 


This is the output 
from Filter B. 


Bin. LOW-PASS 
FILTER B INPUT (PIN 13) 
This is the input to filter B. 


Aout, 
LOW-PASS 
FILTER A OUTPUT (PIN 14) 


This pin is the output 
from Filter A. 


Ain, LOW-PASS 
FILTER A INPUT (PIN 151 


This is the input to Filter A. 


FILTER A DESCRIPTION 


Filter A of the MC145415 is a 5-pole tunable linear phase 


low-pass filter operation 
at a sampling rate determined 
by 


the clock. The break frequency, 
which 
is a function 
of the 
clock, is calculated by dividing the input clock frequency by 
64. With a 128 kHz clock, the band limiting 
frequency 
is 2 
kHz. By dividing the clock in half to 64 kHz the band limiting 
frequency is cut in half to 1 kHz. likewise, 
by doubling the 


clock, the cutoff 
point with double in frequency. 
The clock 


frequency 
can be varied from 50 kHz to 400 kHz. Filter A, 


unlike filter B, has a gain of 18 dB. Because the MC145415 is 
a switch 
capacitance 
filter, 
the sampled output 
signal will 
have switching 
components 
present near multiples 
of the 
switching 
frequency 
and inputs 
to these filters should 
be 
band-limited 
to under - 3/4 fCLK to prevent aliasing. 


FILTER B DESCRIPTION 
Filter B in the MC145415 consists of a 5-pole tunable linear 
phase low-pass filter operating at a sampled rate determined 
by the clock. Filter B is functionally 
similar to filter A, except 
filter B has unity gain. 


II 


; 
20 


.S 
'"} 
40 
•• 


60 


......• 


\ 


'" 


"- 
'-..... 


'" 
-- 
'" 
" 


4 
5 
6 


f. FREQUENCY 
IkHd 


NOTES 
1. Break frequency IS equal to the clock frequency ..•.64 
2 
Figure 1 Illustrates FIlter B performance 
Filter A would 
be 18 dB higher. 


0.1 ~F 


VAG 
VOO 


A+ 
Ain 
Filter A and B Inputs 


A- 
Aout 
FIlter A Output 


9000 


AD 
Bin 


-= 


BO 
Bout 
Filter B Output 
9000 


B- 
Loop 


'= 


B+ 
ClK 
ClK 
Input 
1536 
kHz 


VSS 
VOG 


o l~F * 
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Advance Information 
Digital Loop Transceivers (DLT) 


The MC145418 
and MC145419 
DLTs are high-speed 
data transceivers 
that 
provide 


80 
kbps full 
duplex 
data 
commUnication. 
Intended 
primarily 
for use: in digital 
subscriber 


vOice/data 
telephone 
systems. 
these 
deVIces 
can also 
be used 
in any digital 
data 
transfer 


scheme 
(I e. 
limited 
distance 
modems) 
where 
bidirectional 
data 
transfer 
is needed 
These 


deVices 
utilize 
a 256 
kilobaud 
"squared" 
modified· 
DPSK 
burst 
modulation 
technique 
for 


transmission 


These 
deVices 
are 
deSIgned 
for compatibility 
with 
eXisting. 
as well 
as evolving. 
telephone 


switching 
hardware 
and 
software 
architectures. 


The 
DLT chip 
set conSists 
of the 
MC145418 
master 
OLT for use at the 
telephone 
switch 


IInecard 
and 
the 
MC145419 
slave 
DLT for use at the 
remote 
digital 
telset 
and/or 


data 
terminal 


The 
deVices 
employ 
CMOS 
technology 
in order 
to take 
advantage 
of its reliable 
low- 


power 
operation 
and 
proven 
capability 
for complex 
analog/digital 
LSI functions. 


• 
Provides 
Full Duplex 
Synchronous 
64 kbps VOice/Data 
Channel 
and Two 8 kbps 


Signalling/Data 
Channels 


• 
Compatlble 
with 
EXIsting 
and 
EvolVing 
Telephone 
SWitch 
Archttectures 
and 
Call 


Signalling 
Schemes 


• 
Full 
Duplex 
80 
Ktlobits 
TransmISSion 
for an 8 kHz 
Frame 
Rate 


• 
Protocol 
Independent 


• 
Songle 5 Volt Power 
Supply 


• 
22 Pon Package 


MC145418 
Master 
DlT 


• 
Pin Controlled 
Power-Down 
Feature 


• 
SIgnalling 
and 
Control 
I/O 
Capable 
of Sharing 
Common 
Bus Wiring 
with 
Other 
DLTs 


• 
Variable 
Data Clock - 64 kHz 10 2 56 MHz 


• 
Pm Controlled 
Insertion/Extraction 
of 8 kbps Channel 
into 
LSB of 64 
kbps 
Channel 


for SImultaneous 
Routing 
of VOice and 
Data 
Through 
PCM 
VOice 
Path 


of Telephone 
Switch 


MC145419 
Slave 
DlT 


• 
Compatible 
With 
MC14400 
Series 
PCM Mono-Circuits 


• 
Pin Controlled 
Loop-Back 
Feature 


• 
Automatic 
Power-Up/Down 
Feature 


• 
On-Chip 
Data 
Clock 
Recovery 
and 
Generation 
• 
Pin Controlled 
500 
Hz 03 or CCITT Formal 
PCM Tone Generalor 
for Audible 
Feedback 


Applications 


MC145418 
MC145419 


~ 
CERAMIC 


CASE 
736 


~ 
II 


PLASTIC 


CASE 
708 


PIN 
ASSIGNMENTS 


vss 
21 
VOO 


0' 
11 
DO 


SYN 
10 
MEO 


NC 
4 
19 
RU 


vo 
18 
R. 


MCI45418 
SII 
17 
TOC/ROC 


SOl 
16 
CCI 


Sil 
15 
h 


SOl 
14 
HI 


SE 
10 
13 
SIE 


PO 
It 
11 
MS' 


VSS 
VOO 


DI 
11 
DO 


SYN 
10 
MEO 
lii 
4 
19 
RU 


vo 
18 
R. 


MCI45419 


SII 
17 
CLK 


SOl 
16 
Xl 


Sil 
15 
XI 


SOl 
14 
h 


MulA 
10 
13 
TEl 


PO 
It 
11 
TE 


6 
Sil 
MOOULATION 
SI2 


10 
SE 


19 
00 
RE1 
RECEIVE 
18 


MEa 
Rx 
II 


------ 


REGISTER 


16 
CCI 


12 


11 


MSI 
po 


SEOUENCE 


ANa 
13 


CONTROL 
SIE 


VOO = PIN 22 


VSS = PIN 1 


II 


Rating 
SVmbol 
Value 
Unit 


DC Supply Voltage 
VOO - VSS 
-05 
to 9 0 
V 


Voltage, Any Pin to VSS 
V 
-0510 
VOO -05 
V 


DC CUfrent, Any Pin (Excluding 
VOD. VSSI 
I 
±10 
mA 


Operating 
Temperature 
TA 
-40 
to +85 
°C 


Storage Temperature 
Ts1g 
-85 
to ;.150 
°C 


Parameter 
Pins 
Min 
M •• 
Unit 


DC Supply Voltage 
VOO 
45 
55 
V 


Power DISSIpatIon 
(PO '= VOD. VOO :; 5 V) 
VOO 
- 
15 
mW 


Power DISSIpatIon 
(PO:; VSS. TE :; VSS) 
VOO 
- 
10 
mW 


Frame 
Rate 
MC145418 
MSI 
79 
81 
kHz 


MC145418 
- MC145419 Frame Rate SlIp (See Note 1) 
- 
- 
025 
"b 


eel Clock Frequency lMSI ;:8 kHz) 
CCI 
- 
2048 
MHz 


Data Clock Rate MC145418 
TOC. ROC 
64 
2560 
kHz 


ModulatIon 
Baud Rate (See Note 2) 
DO 
- 
256 
kHz 


NOTES 
1 
The Me 145419 crystal frequency dIvided by 512 must equal the Me 145418 MSI frequency ± 0 25% for optimum operation 


2 
Assumes crystal frequency of 4096 
MHz for the MC145419 and 2048 
MHz eel for the MC145418 


Parameter 
Min 
M •• 
Unit 


Input 
High 
Level 
35 
- 
V 


Input 
low 
Level 
- 
1 5 
V 


Inpul 
Current 
- 
±10 
~A 


Input 
CapacItance 
- 
10 
pF 


Output 
High 
Current 
(Except 
Tx on MC145418 
VOH ~ 2 5 V 
-1 7 
- 
mA 


and 
Tx and PO on 
MC145419l 
VOH ~ 4 6 V 
-036 
- 


Output 
Low 
Current 
(Except 
Tx on MC145418 
VOL ~ 04 
V 
036 
- 
mA 


and 
Tx and PO on MC145419) 
VOL ~ 0 8 V 
08 
- 


PO Output 
High 
Current 
(MC 1454191 
VOH ~ 2 5 V 
-90 
- 
~A 


(See 
Note 
5) 
VOH ~ 4 6 V 
-10 
- 


PO Output 
Low 
Current 
(MC1454191 
VOL ~ 04 
V 
60 
- 
~A 


ISee 
Note 
51 
VOL ~ 08 
V 
100 
- 


Tx Output 
High 
Current 
VOH ~ 2 5 V 
-34 
- 
mA 
VOH ~ 4 6 V 
-07 
- 


Tx Output 
Low 
Current 
VOL ~ 04 V 
1 7 
- 
mA 


VOL ~ 0 8 V 
35 
- 


Tx Input 
Impedance 
(TE 1 = VSS. 
MC145418J 
100 
- 
k(j 


Crysral 
Frequency 
(MC145419) 
(See 
Note 
31 
40 
44 
MHz 


PCM Tone ITE ~ VOO. MC145419J 
-22 
-18 
dBmO 


Three-State 
Current 
(SOL 
S02. 
VD. 
Tx on MC145418. 
Tx on MC145419) 
- 
:tl 
~A 


X2· 
Oscillator 
Output 
High 
Drlve 
Current 
(MC145419) 
VOH ~ 4 6 V 
-450 
- 
~A 


(See 
Note 
41 


X2 
- OSCIllator 
Output 
Low 
Drlve 
Current 
(MC145419) 
VOL ~ 04 
V 
450 
- 
~A 


(See 
Note 
4) 


NOTES 


3 
The 
MC145419 
crystal 
frequency 
diVided 
by 512 
must 
equal 
the 
MC 145418 
MSI 
frequency 
±O 
25°-;' for optimum 
performance 


4 
Output 
drive 
when 
X 1 IS being 
drtven 
from 
an external 
clock 


5 
To overdrtve 
PO from 
a low 
level 
to 3 5 V or a high 
level 
to 1 5 V reqUires 
a minimUm 
of = 800 
JJA drlve 
capabIlity 


Parameter 
Fig 
Symbol 
Min 
Ma. 
Unit 


Input Rise Time 
All Dlgllal Inputs 
1 
I, 
- 
4 
#s 


Input Fall Time 
All 01911alInputs 
1 
If 
- 
4 
#s 


Pulse Wldlh 
TDC/ROC. RE1. M51 
1 
Iw(H.LI 
90 
- 
ns 


CCt Duty Cycle 
1 
'w(H.LI 
45 
55 
% 


Data Clock Frequency 
TDC/ROC 
- 
10C 
64 
2560 
kHz 


Propagallon Delay Time 
M51 '0 501.502. 
VO (po; VOOJ 
2 
IPLH· IPHL 
- 
90 
ns 


TOC 10 Tx 
3 
- 
90 


MSI to TDC/RDC 
Setup Time 
tsu3 
90 
- 
ns 


4 
tsu4 
40 
- 


TE l/RE 
1 10 TDC/RDC 
Setup Time 
tsu3 
90 
- 
ns 
4 
tsu4 
40 
- 


Rx to TDC 
ROC Setup Time 
5 
tsu5 
60 
- 
ns 


Rx 10 TDC/RDC 
Hold TIme 
5 
'hI 
60 
- 
ns 


511. SI2 to MSI Setup Time 
6 
tsu6 
60 
- 
ns 


5'1. 51210 MSI Hold T,me 
6 
Ih2 
60 
- 
ns 


00 
Valid to MEO RISIng 
10 
'p7 
- 
90 
ns 


00 
Valid to MEO Fallmg 
10 
Ip8 
- 
90 
ns 


01 Valid to SYN Rlsmg 
11 
Isu7 
488 
1200 
ns 


01 Valid to SYN Failing 
11 
IsuB 
- 
3900 
ns 


Parameter 
Fig 
Symbol 
Min 
Ma. 
Unit 


Input Rise Time 
All Digital Inputs 
1 
I, 
- 
4 
#s 


Input Fall Time 
All DigItal Inputs 
1 
If 
- 
4 
#s 


Clock Oulput Pulse WIdth 
CLK 
1 
Iw(H.LI 
38 
40 
#s 


Crystal Frequency 
- 
fXl 
4.086 
4.1 
MHz 


Propagation Delay Times 
ns 


TE 1 RISing 10 ClK (TE : VOD) 
7 
Ipl 
-50 
50 
TE 1 RISIng to ClK (TE -: VSS) 
7 
Ipl 
438 
538 
ClK to TE 1 Falling 
7 
Ip2 
- 
40 
CLK to RE1 RISing 
8 
Ip3 
- 
40 
RE1 Falhng 10 CLK (TE : VDO) 
8 
Ip4 
-50 
50 
RE1 Failing '0 CLK (TE ; VSSI 
8 
Ip4 
438 
538 
ClK 10 Ix 
9 
Ip5 
- 
90 


TEllo 
501.502 
9 
Ip6 
- 
90 


Ax to CLK Setup Time 
5 
Isu5 
60 
- 
ns 


Rx to CLK Hold T,me 
5 
Ih1 
60 
- 
ns 


511. 512 to TE1 Setup Time 
6 
tsu6 
60 
- 
ns 


51,. 512 to TE 1 Hold Time 
6 
Ih2 
60 
- 
ns 


II 


II 
.,-!:y'~,_ --J::~70% 
'pHl 


70% 
YD. 501. 501 
30% 


~ 


TOC/ROCY'PlH 


70'1 
r. 


TEl tMC 1454191 


OR 


MSIIMC1454181 


~ 
O% 
*0% 


00 
de 
VALID 
de 
30% 
30% 
Y 


P7~,"8' 
70% 


MEO 
30% 


y'" 
70% 
SYN 


VDD 
- 
POSITIVE 
SUPPLY 


Normally 
5 volts. 


VSS 
- 
NEGATIVE 
SUPPLY 


ThIs pIn IS the most 
negative 
supply 
pin, normally 
0 volts 


01 - 
DATA 
INPUT 


This 
Input 
to the demodulator 
circUit 
should 
be a squared 


and limited 
verSion 
of the received 
line signal. 
(See Figure 
15 ) 


This 
Input 
to the 
demodulator 
circuit 
should 
be a signal 


which 
IS high when 
signal 
energy 
ISdetected 
on the line. 
(See 


Figure 
14 for typical 
line Interface 
circuit.) 


This 
signal 
should 
be the output 
of a window 
comparator 


with 
a 
threshold 
of 
approximately 
40% 
of 
the 
smallest 


received 
line 
signal 
(See Figure 
15 ) 


A high 
on this 
pin indicates 
that 
a valid 
line 
transmission 


has been demodulated. 
Avalid 
transmission 
ISdetermined 
by 


proper 
sync 
and 
the 
absence 
of 
detected 
bit 
errors. 
VO 


changes 
state 
on the 
leading 
edge 
of MSI 
when 
PO is high. 


When 
PO is low. VO changes 
state at the end of demodulation 


of a line transmission. 
VO is a standard 
B·series 
CMOS 
output 


and 
is high 
Impedance 
when 
SE is held 
low. 


SI1, 
SI2 
- 
SIGNALING 
BIT INPUTS 


Data 
on these 
pins 
is loaded 
on the rising 
edge 
of MSI 
for 


transmission 
to the slave. 
The state of these 
pins 
IS internally 


latched 
if SE is held 
low. 


S01, 
S02 
- 
SIGNALING 
BIT OUTPUTS 


These 
outputs 
are received 
signaling 
bits from 
the slave OlT 


and change 
state 
on the rising 
edge of MSI if PO IS high. 
or at 


the 
completion 
of demodulation 
if PO is low. 
These 
outputs 


have 
standard 
B·s':'rles 
CMOS 
drive 
capability 
and 
are 
high 


impedance 
if the 
SE pin is held 
low. 


SE - 
SIGNAL 
ENABLE 
INPUT 


If held 
high, 
the 
PD. S11. S12. and SIE inputs 
and the 
SOl. 


S02. 
and VO outputs 
function 
normally. 
If held low. the states 


of 
these 
inputs 
are 
latched 
and 
held 
internally 
while 
the 


outputs 
are 
high 
impedance. 
This 
allows 
these 
pins 
to 
be 


bussed 
with 
those 
of other 
OlTs 
to a common 
controller. 


PO - 
POWER·DOWN 
INPUT 


If held low. the OlT ceases 
modulation. 
In power·down. 
the 


only 
active 
circuitry 
is that 
which 
IS necessary 
to demodulate 


an incoming 
burst 
and 
output 
the 
signal 
and valid 
data 
bits. 


Internal data transfers to the transmit and receive registers 


cease. 
When 
brought 
high. 
the 
OlT 
powers 
up. 
and 
waits 


three 
positive 
MSI 
edges 
or 
until 
the 
end 
of 
an 
incoming 


transmission 
from 
the 
slave 
OlT 
and 
begins 
transmining 


every 
MSI 
period 
to the 
slave 
OlT 
on the 
next 
rising 
edge 
of 


the 
MSI 
• 


This pin is the master 
B kHz input 
system 
sync and inititates 


modulation 
MSI 
should 
be 
approximately 
leading·edge 


aligned 
with 
TOC/ROC. 


This pin. when 
held 
high. 
insens 
signal 
bit 2 received 
from 


the slave 
Into the lSB 
of the outgoing 
PCM word 
at Tx and will 


ignore 
the SI2 pin and use in its place 
the lSB 
of the Incoming 


PCM word 
at Rx for transmission 
to the slave. 
The PCM word 


to the 
slave 
Will 
have 
ItS lSB 
forced 
low 
In thiS mode 
In this 


manner. 
signal 
bit 2 to/from 
the slave 
OlT 
is inserted 
into the 


PCM 
words 
the 
master 
sends 
and 
receives 
from 
the 
back- 


plane 
for routing 
through 
the 
PABX 
for simultaneous 
vOlce/ 


data communication. 
The state 
of this 
pin is Internally 
latched 


if the 
SE pin 
is brought 
and 
held 
low. 


This pin controls 
the outputting 
of data on the Tx pin 
While 


TE 1 IS high. 
the Tx data 
is presented 
on the eight 
riSing 
edges 


of TOC/ROC. 
TE 1 is also 
a high·,mpedance 
control 
of the 
Tx 


pin. 
If 
MSI 
occurs 
during 
thiS 
period. 
new 
data 
will 
be 


transferred 
to the Tx output 
register 
in the ninth 
high period 
of 


TOC/ROC 
after 
TE 1 rises; 
otherwise. 
it Will 
transfer 
on the 


rising 
edge 
of 
MSI. 
TE 1 and 
TOC/ROC 
should 
be approXi' 


mately 
leading· 
edge 
aligned 


ThiS three-state 
output 
pin presents 
new 
VOice data 
on the 


rising 
edges 
of TOC/ROC 
when 
TE 1 is high. 
(See TE 1.) 


A 2.048 
MHz clock 
signal 
should 
be applied 
to thl' 
pin. This 


SIgnal is used for Internal 
sequencing 
and control. 
This signal 


should 
be coherent 
with 
MSI 
for 
optimum 
performance 
but 


may be asynchronous 
If slightly 
worse 
error 
rate performance 


can 
be tolerated. 


This 
pin 
is the 
transmit 
and 
receive 
data 
clock 
and 
can 
be 


64 kHz to 2.56 
MHz. 
Data 
is output 
at the 
Tx pin whne 
TE 1 IS 


high 
on the 
eight 
rising 
edges 
of TOC/ROC 
after 
the 
rising 


edge 
of 
TE 1 
Data 
on 
the 
Rx pin 
is loaded 
Into 
the 
receive 


register 
of the OlT on the eight 
failing 
edges 
of TOC/ROC 
after 


a positive 
tranSition 
on 
RE 1. This 
clock 
should 
be approxl· 


mately 
leading· 
edge 
aligned 
with 
MSI. 


B 


Rx - 
RECEIVE DATA 


VOlcedata is clocked into the DLTfrom this pin on the falling 
edges of TDC/RDC under the control of RE1 


RE1 - 
RECEIVE DATA ENABLE 1 INPUT 


A rising edge on this pin will enable data on the Rxpin to be 


loaded into the receive data register on the next falling edges 
of the data clock, ROC.RE1and ROCshould be approximately 
leading·edge aligned. 


DO - 
DATA OUTPUT 


This B-series output is the square wave Modified - DPSK 


modulation waveform to be externally buffered and applied to 
the line. This output is valid only when the MEO output pin is 
high and IS undefined while MEO is low. The external line 


driver 
should 
dnve 
the 
line in a tri-Ievel 
manner, 
controlled 
by 


DO and MEO as shown In Figure 15. 


VDD - 
POSITIVE SUPPLY 


Normally 5 volts. 


VSS - 
NEGATIVE SUPPLY 


ThiSpin ISthe most negative supply pin, normally 0 volls 


ThiS Input to the demodulator circuit should be a squared 
and limited version of the received line signal. (See Figure 15 ) 


ThiS input to the demodulator circuit should be a signal 


which IShigh when signal energy is detected on the line. (See 


Figure 
14 for typical 
line 
interface 
circuit.) 


This signal should be the output of a window comparator 


with 
a threshold 
of approximately 
40% of the smallest 
received line signal. (See Figure 15 ) 


lB - 
lOOP-BACK 
CONTROL 


When this pin is held low and PO is high (the DlT IS 


receiving 
transmissions 
from 
the master). 
the 
DLTwill 
use the 
eight bits of demodulated PCMdata in place of the eight bits of 


Rx data 
In the 
return 
burst 
to the 
master. 
thereby 
looping 
the 
part back on Itself for system testing. 511 and 512 operate 
normally in thiS mode. CLK will be held low during loop-back 


operation. 


A high 
on this 
pin indicates 
that 
a valid 
line 
transmission 


has been demodulated. Avalid transmission is determined by 
proper sync and the absence of detected bit errors. VD 
changes state on the leading edge of TE1. If no transmissions 
from the master have been received in the last 250 /'s (derived 


from the internal oscillator), VD will go low without TE1rising 
since TE1 is not generated 
in the absence of received 
ttansmisslons from the master. (SeeTEpin description for the 
one exception to this.) 


SI1, SI2 - 
SIGNALING 
BIT INPUTS 


Data on these pins is loaded on the rising edge of TE1 for 
transmission 
to the master. 
If no transmissions 
from the 


master are being received and POis high, data on these pins 
will be loaded into the part on an internal signal. Therefore, 
data on these pins should 
be steady until 
synchronous 
communication 
with 
the master 
has been established. 
as 


indicated by the high on VD. 


These outputs are received signaling 
bits from the master 


DLTand change state on the rising edge of TE1.These outputs 
have standard B-series CMOS output dflve capability 


This is a bidirectional 
pin with 
weak 
output 
drivers 
such 
that 
it can be overdriven externally. When held low, the DLT IS 


powered 
down 
and 
the 
only 
active 
cirCUitry 
is: that 
whIch 
IS 


necessary for demodulation. TE1/RE 1/CLK generation upon 
demodulation: the outputting of data received from the master 
and updating of VD status. When held high, the DLT is 


powered 
up 
and 
transmits 
in 
response 
to 
received 
trans- 


missions 
from 
the 
master. 
If 
no 
received 
bursts 
from 
the 


master have occured when powered up, for 250 /'s (derived 
from the internal oscillator frequency), the DLTwill generate a 


free 
running 
125 
P.s Internal 
clock 
from 
the 
internal 
oscillator 


and 
will 
burst 
a 
transmission 
to 
the 
master 
every 
other 


internal 125 /'s clock using data on the 511and 512 pinS and 
the last data word loaded into the receive register. The weak 


output 
drivers 
will 
try to force 
PO high 
when 
a transmission 


from the master is demodulated and will try to force It low If 


250 
P.s have 
passed 
without 
a transmission 
from 
the 
master 
ThiS allows the slave DLT to self power-up 
and down in 
demand powered-loop systems. 


A high on thiS pin generates a 500 Hz square wave PCM 
tone and Inserts it In place of the demodulated voice PCM 


word 
from 
the 
master 
for outputting 
to the 
Tx pin to the 
telset 
mono-circuit 
A high on TE will generate TE1 and CLK from 


the 
internal 
oscillator 
when 
the 
slave 
is not 
receiving 
bursts 


from the master so that the PCM square wave can be loaded 


into the 
mono-circuit. 
This 
feature 
allows 
the 
user 
to provide 


audio feedback for the telset keyboard depreSSions except 
during loop-back. During loop-back of the slave DLT, CLK is 


defeated 
so a tone 
cannot 
be generated 
In this 
mode 


TE1 - 
TRANSMIT 
DATA ENABLE 1 OUTPUT 


This is a standard B-series CMOS output which goes high 


after 
the 
completion 
of demodulation 
of an 
incoming 
trans- 


mission from the master. It remains high for eight CLKperiods 


and 
then 
low 
until 
the 
next 
burst 
from 
the 
master 
is 


demodulated. While high, the voice data just demodulated is 
output on the first eight rising edges of ClK at the Tx pin. The 
signaling data just demodulated is output on 501 and 502 on 
TE1's rising edge, as is VD. 


Tx - 
TRANSMIT 
DATA 
OUTPUT 


This 
IS a standard 
B-series 
CMOS 
output. 
Voice 
data 
is 


output 
on this 
pin on the nsing 
edges 
of ClK 
while 
TE 1 is high 


and 
is high-impedance 
when 
TE 1 is low. 


X1 
- 
CRYSTAL 
INPUT 


A 4.096 
MHz 
crystal 
is tied 
between 
this 
pin 
and 
X2. 
A 


10 Mn 
resistor 
across 
X1 and 
X2 and 
25 pF capacitors 
from 


X1 
and 
X2 
to 
VSS 
are 
required 
for 
stability 
and 
to 
insure 


start-up. 
X1 maybe 
drrven 
by an external 
CMOS 
clock 
Slgnal,f 


X2 IS left 
open. 


This pin IS capable 
of dnvlng 
one external 
CMOS 
Input 
and 


15 pF of additional 
capacitance 
{See 
Xl 
1 


This 
is a standard 
B-senes 
CMOS 
output 
which 
provides 


the 
data 
clock 
for 
the 
telset 
monO-CirCUit. 
It is generated 
by 


dividing 
the 
oscillator 
down 
to 
128 
kHz and 
starts 
upon 
the 


completion 
of demodulation 
of an 
Incoming 
burst 
from 
the 


master. 
At this 
time. 
ClK 
begins 
and TE 1 goes 
high 
ClK 
will 


remain 
active for 16 periods. 
at the end of whIch 
It will 
remain 


low 
until 
another 
transmiSSion 
from 
the 
master 
IS demodu- 


lated 
In this 
manner. 
sync 
from 
the 
master 
1$ establIshed 
10 


the slave 
and any clock 
slip between 
the master 
and the slave 


1$ absorbed 
each 
frame. 
elK 
1$ generated 
In response 
to an 


,ncomlng 
burst 
from 
the 
master; 
however, 
If TE 1$ brought 


high, 
then 
ClK 
and TE 1IRE 1 are generated 
from 
the 
Internal 


oscillator 
until 
TE ISbrought 
lowor 
an IncomIng burst from the 


master 
IS received 
ClK 
IS disabled 
when 
l8 
IS held 
low 


VOIce data 
from 
the tel set mono-circuit 
IS Input on thiS pin 


on the 
first 
eight 
falling 
edges 
of ClK 
after 
RE 1 goes 
high 


MulA 
- 
TONE 
DIGITAL 
FORMAT 
INPUT 


ThiS Pin determines 
If the 
PCM 
code 
of the 
500 
Hz square 


wave 
tone, 
generated 
when 
TE is high, 
IS D3(Mu/A 
= 11or 


CCID 
(MulA 
= 0) format 


ThiS 
is 
a standard 
B-series 
CMOS 
output 
which 
is the 


inverse 
of TE 1 (see TE 1) Data 
is clocked 
Into 
Rx on the falling 


edges 
of ClK 
while 
RE1 is high. 


This 
B-series 
output 
IS the 
square 
wave 
Modlfied-DPSK 


modulation 
waveform 
to be externally 
buffered 
and applied 
to 


the 
line. 
This output 
is valid 
only 
when 
the 
MEO 
output 
pin 
IS 


high 
and 
is undefined 
while 
MEO 
is low. 
The 
external 
line 


driver 
should 
drive 
the line 
in a tri-Ievel 
manner, 
controlled 
by 


DO and 
MEO 
as Shown 
in Figure 
15 


MEO 
- 
MODULATION 
ENABLE 
OUTPUT 


This 
pin, 
when 
high. 
defines 
the valid 
data 
at the 
DO pin to 
be valid. 


BACKGROUND 


The 
MC145418 
Master 
and 
MC145419 
Slave 
DlT 
trans- 


ceIver 
ICs main 
application 
is to bidirectionally 
transmit 
the 


digital 
signals 
present 
at a codec/filter-digltal 
PABX 
back- 


plane 
interface 
over 
transmission 
mediums 
such 
as 
tele- 


phone 
wire 
pairs 
or fiber 
OptICS. This 
allows 
the 
remotlng 
of 


the 
mono-circuit 
in a digital 
telephone 
set and 
enables 
each 


set to have 
a high 
speed 
data 
access 
to the 
PABX 
switching 


facility 
In effect, 
the 
DlT 
allows 
each 
PABX 
subscriber 
direct 


access 
to the inherent 
64 kbps data 
routing 
capabilities 
of the 


PABX 


The DlT 
provides 
a means 
for transmitting 
and receiving 
64 


kbps 
of vOice data 
and 
16 kbps 
of Signaling 
data. 
The 
DlT 
is 


a two 
chip 
set consisting 
of a Master 
and a Slave. 
The master 


DlT 
replaces 
the codec/fliter 
and SUC on the 
PABX 
linecard, 


and 
transmits 
and 
receIves 
data 
over 
the 
intended 
trans- 


mission 
medium 
to the telse!. 
The DlT 
appears 
to the Iinecard 


and backplane 
as If it were 
a PCM codec/fllter 
and has almost 


the 
same 
digital 
interface 
features 
as the 
MC 14400 
series 


mono-circuits. 
The 
slave 
DlT 
is 
located 
in 
the 
tel set 
and 


interfaces 
the 
mono-circuit 
to the 
transmission 
medium. 
By 


hooking 
two 
DlTs 
back-to-back. 
a 
repeater 
can 
also 
be 


formed. 
The 
master 
ano 
slave 
DLTs 
operate 
in 
a 
frame 


synchronous 
manner, 
sync 
being 
established 
at the 
slave 
by 


the timing 
of the 
master's 
transmission. 
The master's 
sync 
is 


derived 
from 
the 
PABX 
frame 
sync 
The communication 
between master and slave DLTs require 


a single 
data 
link 
in the 
transmission 
medium. 
Eight 
bits 
of 
vOIce data 
and two bits of signaling 
data are transmitted 
and 


received 
each 
frame 
in a half 
duplex 
manner; 
i e., the 
slave 


waits 
until 
the 
transmission 
from 
the 
master 
is completely 
received before transmitting 
back to the master 
Transmission 


occurs 
at 256 kHz bit rate using 
a "squared" 
modified 
form 
of 


DPSK 
This 
"ping-pong" 
mode will 
allow 
transmiSSIon 
of data 


at distances 
up to 2 km before 
turnaround 
delay 
becomes 
a 


problem. 
The 
DlT 
is so defined 
as to allow 
this 
data 
to be 


handled 
by the Iinecard. 
backplane, 
and PABX as If It were 
just 


another 
voice 
conversation. 
ThiS 
allows 
eXisting 
PABX 
hard- 


ware 
and software 
to be unchanged 
and yet provides 
switched 


64 kbps voice 
or data 
communications 
throughout 
Its service 


area 
by simply 
replacing 
a subscriber's 
linecard 
and telset. 
A 


feature 
in the master 
allows 
one of the two 
signaling 
bits to be 


inserted 
and extracted 
from 
the backplane 
PCM word 
to allow 


simultaneous 
voice 
and data transmission 
through 
the PA8X. 


The slave 
DlT 
has a loop-back 
feature 
by which 
the deVice 
can 


be tested 
in the 
user 
system. 


The slave 
DlT 
has the additional 
feature 
of providing 
a 500 


Hz Mu or A law 
coded 
square 
wave 
to the monO-CirCUit 
when 


the 
TE pin 
is brought 
high. 
ThiS can be used 
to provide 
audiO 


feedback 
in the 
tel set during 
keyboard 
depreSSions. 


Although 
the 
DLl 
was 
originally 
designed 
for 
a 
PABX 


environment, 
It can be used 
in any digital 
synchronous 
serial 


environment; 
such 
as. 
computer 
to computer 
communica- 


tIons 
or Industrial 
control 


The 
DLT conSists 
of a modulator, 
demodulator. 
two 
inter- 


mediate 
data 
buffers, 
sequencing 
and 
control 
logIC, 
and 


transmit 
and receive 
data 
registers. 
The data 
regIsters 
inter- 


II 


•• 


face to the linecard or mono-circuit digital interface signals. 
the modulator and demodulator provide Modified - oP5K 
transmission 
and reception. while 
the intermediate 
data 
registers buffer data between these two sections. The oLT is 
intended to operate on a single 5 volt supply and can bedriven 
by TIL or CM05 logic. 


MASTER OPERATION 


In the master. data is loaded into the receive register each 
frame from the Rxpin under the control of the ToC/RoC clock 
and the receive data enable. RE1 RE1 controls loading of 
eight serial bits. henceforth referred to as the voice data word. 
Each M51. these words are transferred out of the receive 
register to the modulation buffer for subsequent modulation 
onto the line. The modulation buffer lakes the received voice 
data word and the two signaling data Input bits on 511and 512 
loaded on the M51 rising edge and formats the ten bits into a 
specific order. This data field is then transmitted in a 256 kHz 
"squared" Modified-oP5K burst to the remote slave OLT.An 
example of the modulated data field at 00 ISshown with the 
Modulation Enable Output (MEO) in Figure 15. V2-V1 ISthe 
differentially driven waveform 
onto the line in a tWisted pair 


application. 


The received signal coming into the demodulator should be 
a squared digital verSion 
of the line signal. shown as 01 In 
Figure 15. The 5YN signal which is the output of a window 
comparator is internally Integrated and used by the demodula- 
tor's 
synchronizatIon 
circuitry 
along 
with 
the 
first 
zero 
crossing of 01to establish the exact position (in time) of the 
incoming burst for demodulation purposes. The 5YN pulse or 
pulses (output of the window comparator circuitry) must be 
present for the first eight baud periods of the incoming burs!. 


They may persist 
longer 
but they 
must 
not occur 
within 
one 
full baud period before the arrival of the following burst. Upon 
demodulating the return burst from the slave. the decoded 
data is transferred 
to the demodulation 
buffer 
and the 


signaling bits are stripped ready to be output on 501 and 502 
at the next M51. The voice data word IS loade~ into the 
transmit register as described in the TE1 pin description for 
outputting via the Txpin at the ToC/AOC data clock rate under 
the control of TE1 VO is output on the rising edge of M51. 
Timing diagrams for the master are shown in Figure 12. 


In the slave. the synchronizing event is the detection of an 
incoming transmission 
from the master as indicated by the 
completion of demodulation. (The 5YN signal and 01function 
the same as in the Master.) When an incoming 
burst from the 
master 
is demodulated, 
several 
events 
occur. 
As 
in the 
master. data is transferred 
from the demodulator 
to the 
demodulation buffer and the signaling bits are stripped for 
outputting at 501 and 502. Data in the receive register is 
transferred to the modulation buffer. TE1goes high loading in 
data at 511and 512. which will be used in the transmission 


burst to the master along with the data in the transmit data 
buffer. At the same time 501. 
502. 
and VO are output. 


Modulation of the burst begins four 256 kHz periods after the 
completion of demodulation. 


While TE1is high. data is output at Txon the rising edges of 
CLK.On the ninth rising edge of CLK. TE1goes low. RE1goes 
high, and data is mput to the receive register from the Rxpin 
on the next eight falling edges of ClK. 


The CLK pin is a 128 kHz output that is formed by dividing 
down the 4.096 
MHz crystal frequency by 32. 51ippage 
between the frame rate of the master (as represented by the 
completion 
of demodulation 
of an incoming 
transmission 
from the master) and the crystal frequency is absorbed by 
holding the 16th low period of CLKuntil the next completion of 
demodulation. This is shown in the slave OLTtiming diagram 
of Figure 13. 


POWER-DOWN OPERATION 


In the master. when PO is low. the OLT stops modulallng 
and only that cirCUItry necessary to demodulate the incoming 
bursts and output the signaling and VD data bits 's active. In 
this mode. if the oLT receives a burst from the slave. the 501. 
502. and VO pins will be updated upon complelion of the 
demodulation instead of on the rising edge of M51.The state of 
these pins will not change until either three rising M51edges 
have occurred without the reception of a burst from the slave 
or until another burst is demodulated, whichever occurs first. 


When POis brought high. the master oLT will wait either 
three rising M51edges or until the M51 rising edge following 
the demodulation of an incoming burst before transmitting to 
the slave. The data for the first transmiSSion to the slave after 
power-up is loaded into the OLTduring the AE1period prior to 
the burst for Rxdata. and on the present rising edge of M51for 
Signaling data. 


In the slave. PO IS a bidirectional 
pin with weak output 
drivers such that II can be overdriven externally When held 
low, the DLT slave 
IS powered down and only that clrcultry 


necessary for demodulation. TE1/RE 1/CLK generation upon 
demodulation, the outputting of Txdata. signaling bits. and VO 
is active. When held high, the OLTslave is powered up and 
transmits 
normally 
in response to received 
transmissions 


from the master. If no bursts have been received from the 
master within 
250 
/lS 
alter power-up 
(derived from 
the 
internal oscillator frequency). the OLTgenerates an internal 
125 /ls free-running 
clock from the internal osc,lIator. The 


slave OLTthen bursts a transmiSSion to the master OLTevery 
other 125 /lS clock period using data loaded into the Ax pin 
during the last RE1 period and 511.512data loaded In on the 
internal 125 /lS clock edge. The weak output drivers will try to 
force 
PD high when 
a transmission 
from 
the 
master 
is 


demodulated and will try to force it low if 250 /lS have passed 
without a transmission from the master. This allows the slave 
OLT to self power-up and down in demand powered-loop 
systems. 
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Advance Information 
ISDN Universal Digital Loop 
Transceivers II 
(UDLT II) 


The MC145421 and MC145425 UDLTs are high-speed data transceivers capable of 
providing 160 kbps full juplex data communication over 26 awg and larger twisted- 
pair cable up to 1 km in length. These devices are primarily used in digital subscriber 
voice and data telephone systems. In addition, the devices meet and exceed the 
CCITTs recommendations for data transfer rates of ISDNs on a single twisted pair. 
The devices utilize a 512 kilobaud MDPSK burst modulation technique to supply the 
160 kbps full duplex data transfer rates. The 160 kbps rate is provided through four 
channels. There are two B channels, which are 64 kbps each. In addition, there are 
two D channels which are 16 kbps each. 
The MC145421 and MC145425 UDLTs are designed for upward compatibility with 
the existing MCI45422 and MC145426 80 kbps UDLTs, as well as compatibility with 
existing and evolving telephone switching hardware and software architectures. 
The MC145421 (MASTER) UDLT is designed for use at the telephone switch line 


card while the MC145425 (SLAVE) UDLT is designed for use at the remote digital 
telset or data terminal. 


• 
Employs CMOS Technology, in Order to Take Advantage of Its Proven Capability for 
Complex Analog and Digital LSI Functions. 
• 
Provides Synchronous Full Duplex 160 kbps Voice and Data Communication in a 
2B + 2D Format For ISDN Compatibility. 


• 
Provides the CCITT's Basic Access Data Transfer Rate (2B + DI for ISDNs on a Single 
Twisted Pair up to 1 km. 
• 
Compatible with Existing and Evolving Telephone Switch Architectures and Call 
Signalling Schemes. 
• 
Protocol Independent 
• 
Single + 5 V Power Supply 


16kbpsOl 


16 kbps 02 


64 kbps 81 


64 kbps 82 


16 kbps 01 
16 kbps 02 


64 kbps 81 


64 kbps 82 


MC145421 
MC145425 


2. 


PLASTIC 
CASE 
709 


PIN ASSIGNMENTS 


MCl45421 


VSS 
1. 
24 
VOO II 
Vref 
23 
lOI 


1I 
22 
l02 
l8 
21 
Rs 


VO 
a: 
20 
RE2 


011 
w 
19 
REI 
~ 
Ul 
021 
« 
18 
TDCIROC 
~ 
OClK 
17 
CCI 


010 
16 
MSI 


020 
10 
15 
TEl 


SE 
11 
14 
TE2 


PO 
12 
13 
Ts 


MCl45425 


( 1. 
24 


( 2 
23 


( 3 
22 


[ 4 
21 


5 
20 
w 
6 
~ 
19 


7 
Ul 
18 


8 
17 


9 
16 


10 
15 


11 
14 


12 
13 


8ClK 


ClKOUT 


XTl 


CCI 


TONE 


ENl 


EN2 


LB 


SE 
11 


MSI 
16 


CCI 


17 
II 


PO 
12 


VO 


1I 


021 


011 


20 
RE2 
21 
Rl 


19 
REI 


10 
020 


OCLK 


010 


18 


TOC/ROC 


Tx 


TEl 


TE2 


SEOUENCE 


AND 


CONTROl 


LOI 


23 
+ 


22 
MODULATOR 


L02 


CCI 


XTL 


LB 


MulA 
11 


TONE 
16 


CLK OUT 
19 


PO 


12 


VO 


Rating 
Symbol 
Value 
Unit 


DC Supply 
Voltage 
VDD-VSS 
-0.5 
to 6.5 
V 


Voltage Any Pin to VSS 
V 
- 0.5 to VDD + 0.5 
V 


DC Current, Any Pin (Excluding VDD, 
I 
±10 
mA 


VSS) 


Operating Temperature 
TA 
-40 
to 
+85 
°C 


Storage Temperature 
Tstg 
-85to 
+ 150 
°C 


This device contains circuitry to protect the 
inputs against damage due to high static voltages 
or electric fields; however, it is advised that nor- 
mal precautions be taken to avoid applications of 
any voltage higher than maximum rated voltages 
to this high impedance circuit. For proper oper- 
ation it is recommended 
that Vin and Vout 
be 
constrained 
to 
the 
range 
VSS.s; (Vin 
or 


Vout).s; VDD. Reliability of operation is enhanced 
if unused inputs are tied to an appropriate logic 
voltage level fe.g., 
either VSS or VDDI. 


Parameter 
Pins 
Min 
Typ 
Max 
Unit 


DC Supply 
Voltage 
VDD 
4.5 
5.0 
5.5 
V 


Frame Rate MC145421 
(See Note 
11 
MSI 
- 
8.0 
- 
kHz 


MC145421/25 
Frame Slip Rate (See Note 
11 
- 
- 
- 
0.25 
% 


CCI Clock Frequency 
- 
- 
8.192 
8.29 
MHz 


TDC/RDC 
Data Clocks (for Masterl 
- 
0.128 
- 
4.1 
MHz 


DCLK 
- 
0.016 
- 
4.1 
MHz 


Modulation 
Baud Rate ICCI1161 
L01, 
L02 
- 
512 
- 
kHz 


NOTE: 
1. The slave's crystal frequency divided by 1024 must equal the master's MSI frequency 
± 0.25% 
for optimu"1 operation. Also, the 8.192 MHz 
input at the master divided by 1024 must be within 0.048% 
of the master's 8 kHz MSI clock frequency. 


Parameter 
Min 
Max 
Unit 


Input High Level 
3.5 
- 
V 


Input Low Level 
- 
1.5 
V 


Input Current, VDD 
- 
15 
mA 


Input Current (Digital Pins) 
- 
5 
"A 


Input Capacitance 
- 
10 
pF 


Output High Current (Except Tx on Master and Slave, and PO on the Slave) 
VOH =2.5 
-1.7 
- 
mA 


VOH =4.6 
-0.36 
- 


Tx Output High Current 
VOH =2.5 
-3.4 
- 
mA 


VOH =4.6 
-0.7 
- 


PO (Slave Output High Current (See Note 2) 
VOH =2.5 
- 
-90 
"A 


Output Low Current (Except Tx on Master and Slave, and PO on Slave) 
VOL =0.4 
0.36 
- 
mA 


VOL =0.8 
0.8 
- 


Tx Output 
Low Current 
VOL=O.4 
1.7 
- 
mA 


VOL =0.8 
3.5 
- 


PO (Slave) Output 
Low Current (See Note 2) 
VOL=O.4 
30 
60 
"A 


Tx Three-State 
Impedance 
100 
- 
kG 


XTL Output High Current 
VOH=4.6 
- 
-450 
"A 


XTL Output Low Current 
VOH=O.4 
450 
- 
~ 


Parameter 
Min 
Max 
Unit 


Modulation 
Differential 
Amplitude 
RL=880 
G (L01-L021 
4.6 
- 
Vpeak 


Modulation 
Differential 
DC Offset 
- 
40 
mV 


Vref Voltage 
(Typically 
9/20·(VDD-VSSII 
2.0 
2.5 
V 


PCM Tone Level 
-22 
-18 
dBm 


Demodulator 
Input Amplitude 
50 
- 
mVpeak 


Demodulator 
Input Impedance 
III 
to Vref) 
200 
300 
kG 


II 


II 


MC145421 
MASTER 
PIN 
DESCRIPTIONS 


VDD-POSITIVE 
SUPPLY (PIN 24) 


The most positive power supply pin, normally + 5 volts with 
respect to VSS· 


VSS-NEGATIVE 
SUPPLY (PIN 1) 


The most negative supply pin and logic ground, normally 
o volts. 


Vref-REFERENCE 
OUTPUT (ANALOG GROUND) 
(PIN 2) 


This pin is the output of the internal reference supply and 
should be bypassed to VOO and VSS with 0.1 I'F capacitors. 
This pin usually serves as an analog ground reference for 
transformer coupling of the device's incoming bursts from the 
line. No external dc load should be placed on this pin. 


L1-L1NE INPUT (PIN 3) 


This pin is an input to the demodulator for the incoming 


bursts. The input has an internal 240 k{l resistor tied to the 
Vref pin, so an external capacitor or line transformer may be 
used to couple the input signal to the device with no dc offset. 


L01, L02-L1NE 
DRIVER OUTPUTS (PINS 23, 22) 


These push-pull outputs drive the twisted pair transmission 
line with a 512 kHz modified OPSK (MOPSKI burst each 
1251's, in other words at an 8 kHz rate. When not modulating 
the line, these pins are driven to the active high state-being 
the same potential, they create an ac short. When u:;ed in 
conjunction 
with 
feed resistors, proper line termination 
is 
maintained. 


At the time of a negative transition on this pin, an internal 
latch stores the states of LB and POfor as long as SE is held 
low. During this time, the VO, 001, 
and 002 outputs are 
driven to the high impedance state. When SE is high, all pins 


function 
normally_ 


A low level on this pin ties the internal modulator output to 
the internal demodulator input which loops the entire burst 
for testing purposes. During the loopback operation, the LI 
input is ignored and the L01 and L02 drivers are driven to the 
active high level. The state of this pin is internally latched if 
the SE pin is held low. This feature is only active when the 
PO input is high. 


PO-POWER 
DOWN INPUT (PIN 12) 


When held low the ISDN UOLT powers down, except the 


circuitry that is necessary to demodulate an incoming burst 
and to output VO, B channel and 0 channel data bits. When 
POis brought high, the ISDN UOLTpowers up. Then, it begins 
transmitting every MSI period to the slave device, shortly after 
the rising edge of MSI. The state of this pin is latched if the 
SE pin is held low. 


VD-VALID 
DATA OUTPUT (PIN 51 


A high level on this pin indicates that a valid line transmission 


has 
been 
demodulated. 
A 
valid 
transmission 
burst 
is 


determined by proper synchronization and the absence of de- 
tected bit errors. VO changes state on the rising edge of MSI 
when PO is high. When PO is low, VO changes state at the 
end of demodulation of a transmission burst and does not 
change again until three MSI rising edges have occurred, at 
which time it goes low, or until the next demodulation of a 
burst. VO is a standard B-series CMOS output and is high- 
impedance when SE is low. 


MSI-MASTER 
SYNC INPUT (PIN 16) 


This pin is the master, 8 kHz, frame reference input. The 
rising edge of MSI loads Band 
0 channel data which had 
been input during the previous frame into the modulator sec- 
tion of the device and initiates the out-bound burst onto the 
twisted-pair cable. The rising edge of MSI also initiates the 
buffering of the Band 
0 channel data demodulated during 


the previous frame. MSI should beapproximately leading edge 
aligned with the TOC/ROC data clock input pin. 


CCI-HIGH-SPEED 
CLOCK INPUT (PIN 17) 


An 8.l92 MHz clock should be supplied to this input. The 
8.192 MHz input should be 50% duty cycle, however it may 
free-run with respect to all other clocks without 
performance 
degradation. 


011. 021-0 
CHANNEL SIGNALING 
BIT INPUTS 


(PINS 6, 7) 


These inputs are 16 kbps serial data inputs. Two bits should 
be clocked into each of these inputs between the rising edges 
of the MSI frame reference clock. The first bit of each 0 
channel isclocked into an intermediate buffer on the first falling 
edgeof the OCLKfollowing the rising edgeof MSI. The second 
bit of each D channel is clocked in on the next negative tran- 
sition of the OCLK. If further OCLK negative edges occur, 
new information is serially clocked into the buffer replacing 
the previous data one bit at a time. Buffered 0 channel data 
bits are burst to the slave device on the next rising edge of 
the MSI frame reference clock. 


010.020- 
0 CHANNEL SIGNAL OUTPUTS (PINS 9.101 


Theseserialoutputs provide the 16kbps 0 channel signaling 
information from the incoming burst. Two data bits should be 
clocked out of each of these outputs between the rising edges 
of the MSI frame reference clock. The rising edge of MSI 
produces the first bit of each 0 channel on its respective pin. 
Circuitry then searchesfor a negative 0 clock edge. This tells 
the 0 channel data shift register to produce the second 
o channel bit on the next rising edge of the OCLK. Further 
positive edges of the OCLK recirculate the 0 channel output 
buffer information. 


DCLK-D 
CHANNEL CLOCK INPUT (PIN 8) 


This input is the transmit and receive data clock for both 


o channels. 0 channel input and output operation is described 
in the 010, 020 pin description. 


Tx- 
TRANSMIT 
DATA OUTPUT (PIN 13) 


This pin is high impedance when both TE1and TE2are low. 
This pin serves as an output for B channel information received 
from the slave device. The B channel data is under the control 
of TEl, TE2, and TOC/ROC. (See TEl, TE2 description.) 


Rx-RECEIVE 
DATA INPUT (PIN 21) 


B channel data is input on this pin and is controlled by the 
RE1, RE2, and TOC/ROC pins. (See RE1, RE2 description.) 


TEl, TE2- TRANSMIT 
DATA ENABLE INPUT (PIN 15) 


These two pins control the output of data for their respective 
B channel on the Tx output pin. When both TEl and TE2 are 
low, the Tx pin is high impedance. The rising edge of the 
respective enable produces the first bit of the selected B chan- 
nel data on the Tx pin. Internal circuitry then scans for the 
next negative transition of the TOC/ROC clock. Following this 
event the next seven bits of the selected B channel data are 
output on the next seven rising edges of the TOC/RDC data 
clock. When TEl and TE2 are high simultaneously, data on 
the Tx pin is undefined. TEl and TE2 should be approximately 
leading-edge aligned with the TOC/ROC data clock signal. In 
order to keep the Tx pin out of the high-impedance state, 
these enable lines should be high while the respective B chan- 
nel data is being output. 


RE1, RE2-RECEIVE 
DATA ENABLE INPUTS 
(PINS 19,20) 


These inputs control the input of B channel data on the Rx 


pin of the device. The rising edge of the respective enable 
signal causesthe device to load the selected receivedata buffer 
with data from the Rx pin on the next eight falling edges of 
the TOC/ROC clock input. The REl and RE2 enables should 
be roughly leading-edge aligned with the TOC/ROC data clock 


input. 
These 
enables 
are 
rising 
edge 
sensitive 
and 
need 
not 
be high for the entire B-channel input period. 


TDC/ROC- 
TRANSMIT/RECEIVE 
DATA CLOCK INPUT 
(PIN 18) 


This input is the transmit and receive data clock for the 
B channel data. As described in the TE1/TE2 and the RE1/ 
RE2sections, output data changes state on the rising edge of 
this signal, and input data is read on the falling edges of this 
signal. TOC/ROC should be roughly leading-edge aligned with 
the TEl, TE2, RE1,and RE2enables, as well as the MSI frame 


reference 
signal. 


VDD-POSITIVE 
SUPPLY (PIN 24) 


The most positive power supply pin, normally + 5 volts with 
respect to VSS· 


VSS-NEGATIVE 
SUPPLY (PIN 1) 


The most negative supply pin and logic ground, normally 
o volts. 


V,ef-REFERENCE 
OUTPUT (ANALOG 
GROUND) 
(PIN 2) 


This pin is the output of the internal reference supply and 
should be bypassed to VOO and VSS with 0.1 /'F capacitors. 
This pin usually serves as an analog ground reference for 
transformer coupling of the device's incoming bursts from the 
line. No external dc load should be placed on this pin. 


lI-liNE 
INPUT (PIN 3) 


This pin is an input to the demodulator for the incoming 
bursts. The input has an internal 240 kIJ resistor tied to the 


Vref 
pin, 
so an external 
capacitor 
or line transformer 
may 
be 


used to couple the input signal to the device with no dc offset. 


L01, L02-lINE 
DRIVER OUTPUTS (PINS 23, 22) 


These push-pull outputs drive the twisted pair transmission 
line with a 512 kHz modified 
OPSK (MOPSK) burst each 
125 /'s; in other words at an 8 kHz frame rate. When not 
modulating the line, these pins are driven to the active high 
state-being 
the same potential, they create an ac short. So 


when 
used 
in conjunction 
with 
feed 
resistors, 
proper 
line ter- 


mination 
is maintained. 


CLK OUT -CLOCK 
OUTPUT (PIN 19) 


This pin serves as a buffered outpu t of the crystal frequency 
divided by two. This clock is provided for systems using the 
MC145428Data Set Interlace asynchronous/synchronous 
ter- 


minal adaptor device. 


LB-LOOPBACK 
CONTROL INPUT (PIN 4) 


When this pin is low, the incoming B channels from the 
master are burst back to tile 
master-instead 
of the Rx 


B channel input data. The B channel data from the master 
continues to be output at the slave's Tx pin during loopback. 
If the TONE and the loopback function are active simultane- 
ously, the loopback function 
overrides the TONE function. 


o channel data is not affected by LB. 


A high on this 
pin indicates 
that 
a valid 
transmission 
burst 
has been demodulated. A valid burst is determined by proper 
synchronization and the absence of detected bit errors. If no 


transmissions 
from 
the 
master 
have 
been 
received 
in the last 
250 /'s, as determined by an internal oscillator, VO will go low. 


Mu/A-TONE 
FORMAT INPUT (PIN 11) 


This pin determines the PCM code for the 500 Hz square 
wave tone generated when the TONE input is high-Mu 
law 
(Mu/A= 
1) or CCID 
A law (Mu/A=O) 
format. 


TONE- 
TONE ENABLE INPUT (PIN 16) 


A high on this pin causes a 500 Hz square wave PCM tone 
to be inserted in place of the demodulated B channel data on 
B channell. 
This feature allows the designer to provide audio 
feedback for telset keyboard operations. 


PO-POWER 
DOWN INPUT/OUTPUT 
(PIN 12) 


This is a bidirectional pin with a weak output driver so that 
it can be externallyoverdriven. When held low, the ISDN UOLT 


is powered 
down, 
and 
the 
only 
active 
circuitry 
is that 
which 
is necessary for demodulation, generation of EN1, EN2, BCLK, 
and OCLK, and outputting 
of the data bits and VO. When 
held high, the ISDN UOLT is powered up and transmits nor- 
mally in response to received bursts from the master. If the 
ISDN UOLT is powered up for 250 /,s-which 
is derived from 


an internal 
oscillator 
and 
no bursts 
from 
the 
master 
have 
oc- 


curred, the ISDN slave UOLT generates a free-running set of 


II 


II 


EN1, EN2, BCLK, and DCLK signals and sends a burst to the 
master device every other 125 P.sframe. This is a wake-up 
signal to the master. 


When PD is floating and a burst from the master is de- 


modulated, the weak output drivers will try to force PD high. 
It will try to force PD low if 250 ~s have elapsed without 
a 
burst from the master being successfully demodulated. This 
allows the slave device to self power up and down in demand- 
powered loop systems. 


CCI-CRYSTAL 
INPUT (PIN 171 


Normally, an 8.192 MHz crystal is tied between this pin and 
the XTL pin. A 10 M!l resistor between CCI and XTL and 
25 pF capacitors from CCI and XTL to VSS are required to 
ensure stability and start-up. CCI may also be driven with an 
external 8.192 MHz signal if a crystal is not desired. 


XTL-CRYSTAL 
OUTPUT (PIN 181 


This pin is capable of driving one external CMOS input and 
15 pF of additional load capacitance. 


D11, D21-D 
CHANNEL 
INPUTS (PINS 6, 7) 


These two pins are inputs for the 16 kbps D data channels. 
The D channel data bits are clocked in seriaily on the negative 
edge of the 16 kbps DCLK output pin. 


D10, 
D20-D 
CHANNEL 
OUTPUTS (PINS 9, 101 


These two pins are outputs for the 16kbps D data channels. 
These pins are updated on the rising edges of the slave DCLK 
output pin. 


Tx- 
TRANSMIT 
DATA OUTPUT (PIN 131 


This line is an output for the B channel data received from 
the master. B channel 1 data is output on the first eight cycles 
of the BCLK output when EN1 is high. B channel 2 data is 
output on the next eight cycles of the BCLK, when EN2 is 
high. B channel data bits are clocked out on the rising edge 
of the BCLK output pin. 


DCLK-D 
CHANNEL 
CLOCK OUTPUT (PIN 81 


This output is the transmit and receive data clock for both 
D channels. It starts upon demodulation of a burst from the 
master device. This signal is rising edge aligned with the ENl 
and BCLK signals. After the demodulation of a burst, the DCLK 
line completes two cycles and then remains low until another 
burst from the master is demodulated. In this manner syn- 
chronization with the master is established and any clock slip 
between master and slave is absorbed each frame. 


Rx-RECEIVE 
DATA INPUT (PIN 21) 


This pin is an input for the B channel data. B channell 
data 
is clocked in on the first eight falling edges of the BCLK output 
following the rising edge of the EN1 output. B channel 2 data 
is clocked in on the next eight falling edges of the BCLK 
following the rising edge of the EN2 output. 


EN1- 
B CHANNEL 
1 ENABLE OUTPUT (PIN 151 


This line is an 8 kHz enable signal for the input and output 
of the B channell 
data. While ENl is high, B channel 1 data 


is clocked out on the Tx pin on the first eight rising edges of 
the BCLK. During this same time B channell 
input data is 
clocked in on the Rx pin on the first eight falling edges of the 
BCLK. The VD pin is also updated on the rising edge of the 
EN1 signal. EN1 serves as the slave device's 8 kHz frame 
reference signal. 


This pin is the logical inverse of the EN1 output and is used 
to signal the time slot for the input and output of data for the 
B channel 2 data. 


BCLK-B 
CHANNEL 
DATA CLOCK OUTPUT (PIN 20) 


This is a standard B series output which provides the data 


clock for the B channel data. This clock signal is 128 kHz and 


begins 
operating 
upon 
the successful 
demodulation 
of a burst 
from the master. At this time, EN1goes high and BCLK starts 
toggling. 
BCLK remains active for 16 periods, at the end of 
which time it remains low until another burst is received from 
the master. In this manner synchronization between the master 
and slave is established and any clock slippage is absorbed 
each frame. 


The MC145421 and the MC145425 ISDN UDLTs provide an 
economical means of sending and receiving two B channels 
(64 kbps each) of voice/data 
and two D channels (16 kbps 
each) of signal data in a two wire configuration at distances 
up to one kilometer. There are two ISDN UDLTs, master and 
slave. The master UDLT is compatible with existing and evolv- 
ing PABX architectures. This device transmits 2B + 2D chan- 
nels of data to the remote slave. At the remote end, the slave 
device presents a replica of the PBX backplane to the terminal 
devices. 
These devices permit existing digital PBX architectures to 
remain unchanged and provide enhanced voice/data 
com- 


munication services throughout the PBX service areaby simply 
replacing a subscriber's line card and telse!. 


All operations occur within the boundaries of an 8 kHz frame 
(125 /,sl. In the master, the frame sequence begins on the 
rising edge of MSI. In the slave, the frame begins after the 
demodulation of a burst from the master. The slave initializes 
its timing controls at this point to stay synchronized with the 
master. 
During one 1251lsframe four main activities are performed: 


1. Previously buffered 2B + 2D channel data is burst to the 
other end. 
2. New 2B + 2D channel data is accepted for the next 
frame's transmission. 
3. An incoming burst is demodulated and stored. 
4. 2B + 2D channel data from the previous demodulated 
frame is output. 
The bursts are 20 bits long, composed of two 8-bit B chan- 


nels and two 2-bit D channels. Bursts are encoded using a 
modified DPSK method at 512 kHz. Since a single wire pair 
is used, half duplex operation is used. A 512 kHz burst is sent 
from end to end in a ping-pong fashion. This method provides 
apparent full duplex 160kbps transmission of data at distances 
up to one kilometer. 


GENERAL 


The ISDN UDLT consists of a modulator, a demodulator, 


intermediate 
data registers, 
receive 
and transmit 
data registers, 
and sequencing and control logic. The Rx and Tx buffers 
interface digitally to the line card backplane signals, while the 
modulator and demodulator Interface to the twisted pair trans- 
missionmedia. Intermediatedata registersbuffer data between 
these main components. The ISDN UDLT is intended to 
operate with a 5 volt power supply and can bedriven by CMOS 
or TTL logic. 


MASTER OPERATION 


In the master, the rising edge of MSI initiates the 125 )lS 
frame. B channel data is clocked into the Rx registers under 
control of TDC/RDC, RE1, and RE2. This data is combined 
with the D channel data clocked in on pins D11and D21by 
the DCLK. The resulting 20 bit packet is stored for the next 
frame transmission to the slave 
UDLT. 


The burst output to the slave 
consists of the 2B + 2D data 
loaded during the previous frame. The burst received from the 


slave is demodulated and stored for outputting in the follnwing 


frame. 


B channel bits demodulated in the previousframe are output 
on the Tx pin under control of TDC/RDC, TEl, 
and TE2. 


Demodulated D channel bits are output on the Dl0 and D20 
output pins. The Indication of a valid burst demodulation is 
the VD output, which is updated at the start of every 
frame. 


SLAVE OPERATION 


In normal 
slave 
operation, 
the 
main 
synchronizing 
event 
is 


completion of demodulating a burst from the master UDLT. 
This action initializes the 125)ls 
frame boundary of the slave. 


During the slave frame, B channel data is loaded and stored 
under control of the BCLK, EN1, and EN2outputs. D channel 
data isloadedat D11and D21under control of the DCLK output. 
The demodulated burst from the master is separated into 
its D channel and B channel components and output on the 
Dl0, 
D20, and Tx pins. The return burst to the master con- 


sisting of previously loaded 2B + 2D data is transmitted eight 
bauds after the completion of demodulation of the master's 


burst. 
This 
provides 
a period 
for 
line transients 
to diminish. 
The start of the slave 
frame initiates two cycles of the 
16 kHz DCLK, and one cycle each of the 8 kHz EN1 and EN2 
enables. After completing their cycles, these outputs remain 
low until another demodulation signals the start of a new slave 
frame. In this manner, clock slip between the master and slave 
UDLTs is absorbed each frame. 


POWER-DOWN OPERATION 


When PD is low in the master, the ISDN UDLT is powered 
down and only that circuitry necessaryto demodulate incom- 


ing bursts 
is active. 
No transmissions 
to the slave occur 
during 


power 
down. 
If the 
master 
is receiving 
bursts 
from 
the slave, 


the 
VD 
pin will 
change state upon 
completion 
of 
the 
demodulation. 
When the PD input pin is driven high, the master ISDN 
UDLT is powered up. In this mode, the master bursts to the 


slave 
every 
frame. Band D channel data can be loaded and 
unloaded and VD Is updated on the MSI rising edge. 


If no bursts are received by the master, whether powered 
up or not, the B channel data Is unknown and the D channel 
bits will remain at their last known values. 


The PD pin on the slave 
UDLT is bidirectional with a weak 
output driver that can be overdriven 
externally. When low- 


either externally or Internally derived, the slave 
is powered 
down. No bursts to the master can be transmitted. EN1, EN2, 
BCLK, and DCLK outputs are inactive during power down 
except when TONE is high or a burst has been received from 
the master. Band D channel data can be loadedand unloaded, 
and VD is updated upon completion of demodulation of an 
incoming burst from the master. Input Band D channel data 


is not transmitted 
until the slave is powered 
up, in which 
case 
the first burst contains the most recently loaded data. 


When the PD pin is high, the slave 
is powered up and 
transmits every frame. The data enablesand clocks are output 
and data can be loaded and unloaded. 


TIMEOUT OPERATION 


Timeout Is an operating state in both the UDLT master and 


slave 
devices. This state indicates that no incoming bursts 


have 
been demodulated, forcing the VD pin low. An internal 


counter 
is incremented 
for each 
frame 
that 
does 
not contain 


an incoming 
burst. 
The 
counter 
is reset 
upon 
demodulating 
a 


burst from 
the far end. 
Timeout 
can occur 
whether 
the device 
is powered up or down. 
In the master, timeout begins on the rising edge of the third 
MSI following the last received 
burst. This is equivalent to two 
MSI frames. The VD output is forced low during timeout. The 
B channel output data will be unknown, but the D channel 
bits will remain at their last values. 
Successful demodulation 
of a burst from the slave will result in leaving the timeout state 
on the next rising MSI edge. 
Timeout in the slave 
begins during the third frame without 
an incoming burst. The VD pin is forced low and the last 
D channel bits are saved. 
Normally, the slave 
timing is syn- 


chronized 
to the 
incoming 
master 
bursts, 
but in timeout, 
the 


slave 
operates 
from 
a 
free-running 
internal 
frame 
clock 
accompanied by BCLK, EN1, and EN2. These clocks are not 
generated during the two frames prior to entering timeout. If 
powered up during timeout, the slave will burst to the master 
on every other frame. This mode allows the terminal equipment 


to transmit 
its status 
to the 
master 
even 
though 
it is not 
re- 


ceiving 
data. Demodulation of a burst from the master will 


cause 
the 
slave 
to exit the 
timeout 
mode. 


When the PD pin is used as a~ output on the slave 
UDLT, 
timeout controls the pin. Timeout forces the PD output low 
to indicate that the device has powered itself down. In this 


case, 
the slave will not transmit 
to the master. 
However, 
when 
a valid burst is received, timeout ends and the PD pin is driven 
high to indicate power up. This feature allows the slave UDLT 
to self-power-up and down in demand-powered loop systems. 


NOTE 
The slave usesafree running clock during timeout. 
_After a long period withou! a burst from the mas- 
ter, the timing between master and slave 
could 
be such that more than one burst will be needed 


to resync 
the 
two 
devices. 
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Top Trace: MSI 
Bonom Trace: Outgoing burst measured at 1I (with respect to Vref) 


Figure 3. Master Burst 


MASTER 


OR 


SLAVE 


ISDN UOlT 


TRANSfORMER 
PARAMETERS 


INDUCTANCE Of T. WINDING: 
1.75 mH 


TURNS RATIO: Tx: 11 + l2 
2:1 


TURNS RATIO: Rx: II + l2 
4:1 
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SWITCHING CHARACTERISTICS 
IVDD ~5 v, TA ~O to 700CI 


! No. * 
I 
Parameter 


Master Timing 


1 
TDC/RDC 
Pulse Width 
High 
110 
ns 


2 
TDC/RDC 
Pulse Width 
Low 
110 
ns 


3 
MSI Rising Edge to TDC/RDC 
Falling Edge 
gO 
ns 


4 
MSI Pulse Width 
200 
ns 


5 
MSI Rising Edge to First DCLK Falling Edge 
90 
ns 


6 
MSI Rising Edge to First DlD, 
D20 
Bit Valid 
- 
ns 


7 
TEl, 
TE2 Rising Edge to TDC/RDC 
Falling Edge 
110 
ns 


8 
TDC/RDC 
Falling Edge to TEl, 
TE2 Rising Edge 
20 
ns 


9 
TEl, 
TEl Rising Edge to First Tx Data Bit Valid 
50 
ns 


10 
TOC/ROC 
Rising Edge to Tx Data Bits 2 Through 8 Valid 
50 
ns 


11 
TEl, 
TEl Falling Edge to Tx High-Impedance 
70 
ns 


12 
RE1, RE2 Rising Edge to TDC/RDC 
Falling Edge 
110 
ns 


13 
TDC/RDC 
Falling Edge to RE1, RE2 Rising Edge 
20 
ns 


14 
Rx Data Setup lOata Valid Before TDC/RDC 
Falling Edgel 
50 
ns 


15 
Rx Data Hold IData Valid After 
TDC/RDC 
Falling Edge! 
20 
ns 


16 
RE1, RE2 Pulse Width 
220 
ns 


17 
DCLK Rising Edge to D10, 
D20 
Bit Valid 
- 
ns 


18 
Dll,D21 
Data Setup IData Valid Before DCLK Falling Edgel 
50 
ns 


19 
Dll, 
D21 Data Hold IData Valid After 
DCLK Falling Edgel 
20 
ns 


20 
DCLK Pulse Width Low 
110 
ns 


21 
DCLK Pulse Width High 
110 
ns 


22 
MSI Rising Edge to VO Valid 
- 
ns 


23 
PO, LB Setup (PO, LB Valid Before MSI Rising Edge) 
50 
ns 


24 
PD, LB Hold IPD, LB Valid After 
MSI Rising Edgel 
20 
ns 


25 
BCLK Pulse Width 
High ICCI~8.192 
MHz! 
3.66 
4.15 
"s 
26 
BCLK Pulse Width 
Low ICCI~8.192 
MHz! 
366 
4.15 
"s 
27 
ENl or EN2 Rising Edge to BCLK Rising Edge 
+50 
ns 


28 
ENl or EN2 Rising Edge to DCLK Rising Edge 
+50 
ns 


29 
ENl 
or EN2 Rising Edge to First Tx Data Bit Valid 
50 
ns 


30 
BCLK Rising Edge to Tx Data Bits 2 Through 8 Valid 
50 
ns 


31 
DCLK Pulse Width 
High ICCI~8.192 
MHz! 
31.0 
31.5 
"s 
32 
DCLK Pulse Width 
Low ICCI ~ 8.192 MHz! 
31.0 
31.5 
"s 
33 
DCLK Rising Edge to DlD, 
D20 
Bits Valid 
50 
ns 


34 
Rx Setup lAx Data Valid Before BCLK Falling Edge) 
50 
ns 


35 
Rx Hold IRx Data Valid After 
BCLK Falling Edgel 
20 
ns 


36 
Dll, 
D21 Setup 1011, D21 Valid Before 
DCLK Falling Edgel 
50 
ns 


37 
Dll, 
D21 Hold ID11, D21 Valid After 
DCLK Falling Edgel 
20 
ns 


38 
ENl Rising Edge to VO Valid 
50 
ns 


39 
LB, PD Hold ILB, 
PD Valid After 
SE Falling Edge! 
20 
ns 


40 
010, 
020. va High-Impedance 
After SE Falling Edge 
70 
ns 


41 
DlD, 
D20, 
VD Val'd After 
SE Rising Edge! 
{, 
50 
ns 


42 
LB, PD Setup ILB, 
PD Valid Before SE Rising Edgel 
50 
ns 


RE1, RE2 
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Advance Information 
Universal Digital-Loop 
Transceivers (UDLT) 


The MC145422 and MC145426 UDLTs are high-speed 
data transceivers 
that provide 80 
kilobits per second full duplex data communication 
over 26 AWG and larger twisted 
pair 
cable up to two kilometers 
in distance. 
Intended primarily for use in digital subscriber 
voice/ data telephone 
systems, these devices can also be used in remote data acquisition 
and control 
systems. These devices utilize a 256 kilobaud modified 
differential 
phase shift 
keying burst modulation 
technique 
for transmission 
to minimize RFI/EMI 
and crosstalk. 


Simultaneous 
power distribution 
and duplex data communication 
can be obtained 
using a 
single twisted 
pair wire. 
These devices are designed for compatibility 
with existing, 
as well as evolving, 
telephone 
switching 
hardware and software 
architectures. 


The UDLT chip-set consists of the MC145422 master UDLT for use at the telephone 
switch 
linecard and the MC145426 slave UDLT for use at the remote digital telset and/or 
data terminal. 


The devices employ CMOS technology 
in order to take advantage of its reliable low- 


power operation 
and proven capability 
for complex analog/digital 
LSI functions. 


• 
Provides Full Duplex Synchronous 
64 Kilobits-Per-Second 
Voice/Data 
Channel and 
Two Eight Kilobits-Per-Second 
Signaling 
Data Channels Over One 26 AWG Wire Pair 
Up to Two Kilometers 
• 
Compatible 
with 
Existing and Evolving Telephone 
Switch 
Architectures 
and Call Signal- 
ing Schemes 
• 
Automatic 
Detection 
Threshold 
Adjustment 
for Optimum 
Performance 
Over Varying 
Signal Attenuations 
• 
Protocol 
Independent 
• 
Single Five Volt Power Supply 
• 
22 Pin Package 


MC145422 
Master 
UDLT 


• 
Pin Controlled 
Power-Down 
and Loop-Back 
Features 
• 
Signaling 
and Control 
I/O Capable of Sharing Common 
Bus Wiring 
with Other UDLTs 
• 
Variable Data Clock-64 
kHz to 2.56 MHz 
• 
Pin Controlled 
Insertion/Extraction 
of Eight Kilobits/Second 
Channel into LSB of 
64 Kilobits/Second 
Channel for Simultaneous 
Routing of Voice and Data Through 
PCM Voice Path of Telephone 
Switch 


MC145426 Slave 
UDLT 


• 
Compatible 
with 
MC14400 Series PCM Mono-Circuits 
• 
Pin Controlled 
Loop-Back 
Feature 
• 
Automatic 
Power-Up/Down 
Feature 
• 
On-Chip Data Clock Recovery and Generation 
• 
Pin Controlled 
500 Hz D3 or CCITT Format PCM Tone Generator for Audible 
Feedback 
Applications 


MC145422 
MC145426 
- 
L SUFFIX 
CERAMIC 
CASE 736 


PIN ASSIGNMENTS 


MC145422 


VSS 
voo 


Vret 
lOI 


1I 
l02 


[B 
REI 


VO 
Rx 


Sil 


SOl 
CCI 


SI2 
Tx 


S02 
TEl 


SE 
SIE 


Po 
MSI 


MC145426 


VSS 
VOO 


Vref 
21 
lOI 


1I 
20 
l02 


[B 
19 
REI 


VO 
18 
Rx 


Sil 
17 
ClK 


SOl 
16 
X2 


SI2 
15 
Xl 


S02 
14 
Tx 


MulA 
13 
TEl 


Po 
12 
TE 


VOO-PIN 
22 


VSS-PIN 
1 


VIOl-PIN 
2 


SI1 


SI2 


10 
SE 
19 
REI 


18 
Rx 


[jj 


--!.!...c 
PO 


13 
SIE 
II 


VO 


SOl 


S02 


15 
Tx 
14 
TEl 


17 


TOC/ROC 


•• 


SI1 


SI2 


R, 


19 
RE1 


REGISTER 


10 


M"A 


17 
eLK 


L01 


21 


+ 1 
~ 
co 
>- 


20 


-1 
i 
L02 
'" 


LB. 


TE 
12 


PO 


X2 


XI 


1I 


VOO-PIN 
22 


VSS-PIN 
1 


Vref-PIN 
2 


Rating 
Symbol 
Value 
Unit 


DC Supply 
Voltage 
VDD-VSS 
-0.5 
to 9.0 
V 


Voltage. 
Any 
Pin to VSS 
V 
- 0.5 to VDD + 0.5 
V 


DC Current. 
Any 
Pin IExciuding 
VDD. 
VSSI 
I 
± 10 
mA 


Operating Temperature 
TA 
-40 
to 
+85 
°C 


Storage Temperature 
Tstg 
-85 
to 
+150 
°C 


Parameter 
Pins 
Min 
Max 
Unit 


DC Supply 
Voltage 
VDD 
4.5 
5.5 
V 


Power 
Dissipation 
(PD ~ VDD. 
VDD = 5 VI 
VDD 
- 
80 
mW 


Power 
Dissipation 
IPD=VSS. 
TE=VSSI 
VDD 
- 
75 
mW 


Frame 
Rate MC145422 
MSI 
7.9 
8.1 
kHz 


MC145422-MC145426 
Frame 
Rate Slip ISee Note 
11 
- 
- 
0.25 
% 


CCI Clock 
Frequency 
IMSI =8 
kHz I 
CCI 
- 
2.048 
MHz 


Data Clock 
Rate MC145422 
TDC. 
RDC 
64 
2560 
kHz 


Modulation 
Baud Rate (See Note 2) 
L01. 
L02 
- 
256 
kHz 


Parameter 
Min 
Max 
Unit 


Input High Level 
3.5 
- 
V 


Input Low Level 
- 
1.5 
V 


Input Current 
Except 
LI 
-1.0 
1.0 
I,A 


LI 
-100 
100 


Input Capacitance 
- 
7.5 
pF 


Output High Current (Except Tx on MC145422 
VOH=2.5V 
-1.7 
- 
mA 
and Tx and P5 on MC145426J 
VOH~4.6V 
-0.36 
- 


Output Low Current (Except Tx on MC145422 
VOL~O.4V 
0.36 
- 
mA 
and Tx and P5 on MC1454261 
VOL~0.8V 
0.8 
- 


PD Output 
High Current 
IMC1454261 
VOH=2.5V 
-90 
- 
I,A 


ISee Note 71 
VOH=4.6V 
-10 
- 


PD Output 
Low Current 
IMC1454261 
VOL =0.4 
V 
60 
- 
I,A 
ISee Note 71 
VOL ~0.8V 
100 
- 


Tx Output High Current 
VOH=2.5V 
-3.4 
- 
mA 


VOH =4.6 
V 
-0.7 
- 


Tx Output Low Current 
VOL =0.4 
V 
1.7 
- 
mA 


VOL =0.8 
V 
3.5 
- 


Tx Input 
Impedance 
ITEl 
~ VSS. 
MC1454221 
100 
- 
kl! 


Crystal 
Frequency 
tMC145426. 
Note 3) 
4.0 
4.4 
MHz 


PCM Tone 
ITE ~ VDD. 
MC145426J 
-22 
-18 
dBmO 


Three-State 
Current 
IS01. 
S02. 
YD. 
Tx on MC145422. 
Tx on MC1454261 
- 
± 1 
I,A 


Vre! Voltage 
ISee Note 
61 
2 
3 
V 


X2 - Oscillator Output High Drive Current 
VOH =4.6V 
-450 
- 
pA 


IMC1454261 
ISee Note 51 


X2 - Oscillator Output Low Drive Current 
VOL ~0.4 
V 
450 
- 
pA 
IMC145426J 
ISee Note 
5) 
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Parameter 
Min 
Max 
Unit 


Modulation 
Oifferential 
Amplitude 
I Rl = 440 ll) 
lOl 
to l02 
4.5 
6.0 
Vp_p 


Modulation 
Differential 
DC Offset 
0 
300 
mV 


Oemodulator 
Input 
Amplitude 
ISee Note 41 
0.050 
2.5 
V peak 


Demodulator 
Input Impedance 
50 
150 
kll 


NOTES: 
3. 
The MC145426 
crystal frequency 
divided by 512 must equal the MC145422 
MSI 
frequency 
± 0.25% 
for optimum 
performance. 


4. 
The input level into the demodulator 
to reliably demodulate 
incoming 
bursts. 
Input referenced 
to Vref' 
5. 
Output 
drive when Xl 
is being driven from an external clock. 


6. 
Vref typically 
19/20 VOo-VSS) 
7. 
To overdrive PO from a low level to 3.5 V or a high level to 1.5 V requires a minimum 
of ±800 
p.A drive capability . 


Parameter 
Fig 
Symbol 
Min 
Max 
Unit 


Input Rise Time 
All Oigitallnputs 
1 
tr 
- 
4 
I'S 


Input Fall Time 
All Oigitallnputs 
1 
tf 
- 
4 
I'S 


PulseWidth 
TOC/ROC, 
RE1, MSI 
1 
twlH,LI 
90 
- 
ns 


CCI Outy 
Cycle 
1 
twlH,ll 
45 
55 
% 


Data Clock Frequency 
TOC/ROC 
- 
toc 
64 
2560 
kHz 


Propagation 
Delay Time 
ns 


MSI 
to SOl, 
502, 
vo 
IPo=VOOI 
2 
tplH, 
tpHl 
- 
90 


TOC to Tx 
3 
- 
90 


MSI to TOC/ROC 
Setup 
Time 
tsu3 
90 
- 
ns 


4 
tsu4 
40 
- 


TEl/REl 
to TOC/ROC 
Setup 
Time 
tsu3 
90 
- 
ns 


4 
tsu4 
40 
- 


Rx to TOC/ROC 
Setup 
Time 
5 
tsu5 
60 
- 
ns 


Rx to TOC/ROC 
Hold Time 
5 
thl 
60 
- 
ns 


511,512 
to MSI 
Setup 
Time 
6 
tsu6 
60 
- 
ns 


511, 512 to MSI 
Hold Time 
6 
th2 
60 
- 
ns 


Parameter 
Fig 
Symbol 
Min 
Max 
Unit 


Input Rise Time 
All Digital 
Inputs 
1 
tr 
- 
4 
"s 


Input Fall Time 
All Oigitallnputs 
1 
tf 
- 
4 
"s 


Clock Output 
Pulse Width 
ClK 
1 
twlH,ll 
3.8 
4.0 
"s 


Crystal Frequency 
- 
fX1 
4.086 
4.1 
MHz 


Propagation 
Delay Times 
ns 


TEl 
Rising to ClK 
ITE = Vool 
7 
tpl 
50 
50 


TEl 
Rising to ClK 
ITE = Vssl 
7 
tpl 
438 
538 


ClK 
to TEl 
Falling 
7 
tp2 
- 
40 


ClK 
to REl 
Rising 
8 
tp3 
- 
40 


REl 
Falling to ClK 
ITE = Vool 
8 
tp4 
-50 
50 


REl 
Falling to ClK 
ITE = VSSI 
8 
tp4 
438 
538 


ClK 
to Tx 
9 
tp5 
- 
90 


TEl 
to 501, 
502 
9 
tp6 
- 
90 


Rx to ClK 
Setup Time 
5 
tsu5 
60 
- 
ns 


Rx to ClK 
Hold Time 
5 
thl 
60 
- 
ns 


511,512 
to TEl 
Setup 
Time 
6 
tsu6 
60 
- 
ns 


511, 512 to TEl 
Hold Time 
6 
Ih2 
60 
- 
ns 
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O% 


30% 


t 
su 
5 
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III 


VDD-POSITIVE 
SUPPLY 


Normally 5 volts. 


VSS-NEGATIVE 
SUPPLY 


This pin is the most negative supply pin, normally 0 volts. 


Vref-REFERENCE 
OUTPUT 


This pin is the output of the internal reference supply and 
should be bypassed to VOO and VSS by 0.1 I'F capacitors. 
No external dc load should be placed on this pin. 


This input to the demodulator circuit has an internal 100 k 
resistor tied to the internal reference node so that an external 
capacitor and/ or line transformer may be used to couple the 
input signal to the part with no dc offset. 


LB-LOOP-BACK 
CONTROL 


A low on this pin disconnects the LI pin from internal cir- 


cuitry, 
drives 
L01, 
L02 
to 
Vref 
and 
internally 
ties 
the 
modulator output to the demodulator input which loops the 
part on itself for testing in the system. The state of this pin is 
internally latched if the SE pin is brought and held low. Loop- 
Back is active only when PO is high. 


A high on this pin indicates that a valid line transmission has 
been demodulated. A valid transmission is determined by pro- 
per sync and the absence of detected bit errors. VO changes 
state on the leading edge of MSI when PO is high. When PO is 
low, VO changes state at the end of demodulation of a line 
transmission. VO is a standard B-series CMOS output and is 
high impedance when SE is held low. 


S11. SI2-SIGNALING 
BIT INPUTS 


Oata on these pins is loaded on the rising edge of MSI for 
transmission to the slave. The state of these pins is internally 
latched if SE is held low. 


S01. S02-SIGNALING 
BIT OUTPUTS 


These outputs 
are received signaling bits from the slave 
UDLT and change state on the rising edge of MSI if PO is high, 
or at the completion of demodulation if PO is low. These out- 
puts have standard B-series CMOS drive capability and are 
high impedance if the SE pin is held low. 


SE-SIGNAL 
ENABLE INPUT 


If held high. the PO, LB, SI1, SI2, and SIE inputs and the 
SOl, S02. and VD outputs function normally. If held low. the 
state of these inputs are latched and held internally while the 
outputs 
are high impedance. This allows these pins to be 
bussed with those of other UDLTs to a common controller. 


PD-POWER-DOWN 
INPUT 


If held low. the UOLT ceases modulation. In power-down, 


the 
only 
active 
circuitry 
is that 
which 
is necessary to 
demodulate an incoming burst and output the signal and valid 
data bits. Internal data transfers to the transmit and receive 
registers cease. When brought high, the UDLT powers-up, 
and waits three positive MSI edges or until the end of an in- 
coming 
transmission 
from 
the 
slave 
UOLT 
and 
begins 
transmitting every MSI period to the slave UOLT on the next 
rising edge of the MSI. 


This pin is the system sync and initiates the modulation on 
the twisted pair. MSI should be approximately leading-edge 
aligned with TOC/ROC. 


SIE-SIGNALINSERT 
ENABLE 


This pin, when held high, inserts signal bit 2 received from 
the slave into the LSB of the outgoing PCM word at Tx and 
will ignore the SI2 pin and use in place the LSB of the incom- 
ing PCM word at Rx for transmission to the slave. The PCM 
word to the slave will have LSB forced low in this mode. In 
this manner. signal bit 2 to/from 
'he slave UOLT is inserted in- 


to the PCM words the master sends and receives from the 
backplane for routing through 
thp. PABX for simultaneous 


voice/data communication. 
The state of this pin is internally 
latched if the SE pin is brought and held low. 


TE1- TRANSMIT 
DATA 
ENABLE 1 INPUT 


This pin controls the outputting of data on the Tx pin. While 
TEl is high, the Tx data is presented on the eight rising edges 
of TOC/ROC. TEl is also a high-impedance control of the Tx 
pin. If MSI occurs during this period, new data will be transfer- 
red to the Tx output 
register in the ninth high period of 
TOC/ROC after TEl rises; otherwise, it will transfer on the ris- 
ing edge of MSI. TEl and TOC/ROC should be approximately 
leading-edge aligned. 


This three-state output pin presents new voice data during 
the high periods of TOC/ROC when TEl is high (see TEl). 


eCI-CONVERT 
CLOCK INPUT 


A 2.048 MHz clock signal should be applied to this pin. The 
signal is used for internal sequencing and control. This signal 
should be coherent with MSI for optimum performance but 
may be asynchronous if slightly worse error rate performance 
can be tolerated. 


TDC/RDC- 
TRANSMIT/RECEIVE 
DATA CLOCK 


This pin is the transmit and receive data clock and can be 64 
kHz to 2.56 MHz. Oata is output at the Tx pin while TEl is high 
on the eight rising edges of TOC/ ROC after the rising edge of 
TEl. Oata on the Rx pin is loaded into the receive register of 
the UOLT on the eight falling edges of TOC/ROC after a 
positive transition on RE1. This clock should be approximately 
leading-edge aligned with MSI. 


Rx-RECEIVE 
DATA 


Voice data is clocked into the UOLTfrom this pin on the fail- 
ing edges of TOC/ROC under the control of RE1. 


RE1-RECEIVE 
DATA ENABLE 1 INPUT 


A rising edge on this pin will enable data on the Rx pin to be 
loaded into the receive data register on the next eight falling 
edges of the data clock, 
TOC/ROC. 
REl and TOC/ROC 


should be approximately leading-edge aligned. 


L01, L02-lINE 
DRIVER OUTPUTS 


These outputs 
drive the twisted 
pair line with 
256 kHz 
modified OPSK bursts each frame and are push-pull. These 
pins are driven to Vref when not modulating the line. 


VDD-POSITIVE 
SUPPLY 


Normally 5 volts. 


VSS-NEGATIVE 
SUPPLY 


This pin is the most negative supply pin, normally 0 volts. 


Vref-REFERENCE 
OUTPUT 


This pin is the output of the internal reference supply and 


should be bypassed to VOO and VSS 
by 0.1 /'F capacitors. No 


external dc load should be placed on this pin. 


This input to the demodulator circuit has an internal 100 
kilohm resistor tied to the internal reference node (Vref) so 
that an external capacitor and/ or line transformer may be used 
to couple the signal to this part with no dc offset. 


LB-LOOP-BACK 
CONTROL 


When this pin is held low and PO is high (the UOLT is receiv- 


ing transmissions from the master), the UOLT will use the 
eight bits of demodulated PCM data in place of the eight bits 
of Rx data in the return burst to the master, thereby looping 
the part back on itself for system testing. 511and 512operate 
normally in this mode. CLK will be held low during loop-back 


operation. 


VD-VALIO 
DATA OUTPUT 


A high on this pin indicates that a valid line transmission has 
been demodulated. A valid transmission is determined by pro- 
per sync and the absence of detected bit errors. VO changes 
state on the leading edge of TEl. If no transmissions from the 
master have been received in the last 250 /,s (derived from the 
internal oscillator), VO will go low without TEl rising since TEl 
is not generated in the absence of received transmissions from 
the master (see TE pin description for the one exception to 
this). 


SI1, SI2-SIGNAlING 
BIT INPUTS 


Data on these pins is loaded on the rising edge of TEl for 
transmission to the master. If no transmissions from 
the 


master are being received and PD is high, data on these pins 
will be loaded into the part on an internal signal. Therefore, 
data on these pins should be steady until synchronous com- 
munication with the master has been established, as indicated 
by the high on VO. 


S01, S02-SIGNAlING 
BIT OUTPUTS 


These outputs are received signaling bits from the master 
UOLT and change state on the rising edge of TEl. These out- 
puts have standard B-series CMOS output drive capability. 


This is a bidirectional pin with weak output drivers such that 
it can be overdriven externally. When held low, the UOLT is 
powered down and the only active circuitry is: that which is 
necessary for demodulation, TE1/RE1/CLK 
generation upon 
demodulation the outputting of data received from the master 
and updating of VO status. When held high, the UOLT is 
powered-up and transmits in response to received transmis- 
sions from the master. If no received bursts from the master 
have occurred when powered-up, for 250 /,s (derived from the 
internal oscillator frequency), the UOLT will generate a free 
running 125 /,s internal clock from the internal oscillator and 
will burst a transmission to the master every other internal 125 
/,s clock using data on the 511and 512 pins and the last data 
word loaded into the receive register. The weak output drivers 
will try to force Pi) high when a transmission from the master 
is demodulated and will try to force it low if 250/,s have passed 
without a transmission from the master. This allows the slave 
UOLT to self power-up and down in demand powered loop 
systems. 


TE- TONE ENABLE 


A high on this pin generates a 500 Hz square wave PCM 
tone and inserts it in place of the demodulated voice PCM 
word from the master for outputting to the Tx pin to the telset 
mono-circuit. 
A high on TE will generate TEl and CLK from 
the internal oscillator when the slave is not receiving bursts 
from the master so that the PCM square wave can be loaded 
into the mono-circuit. This feature allows the user to provide 
audio feedback for the telset keyboard depressions except 
during Loop-Back. During Loop-Back of the slave UOLT, CLK 
is defeated so a tone cannot be generated in this mode. 


TE1- TRANSMIT 
DATA 
ENABLE 1 OUTPUT 


This is a standard B-series CMOS output which goes high 
after 
the 
completion 
of 
demodulation 
of 
an 
incoming 
transmission from the master. It remains high for eight CLK 
periods and then low until the next burst from the master is 
demodulated. While high, the voice data just demodulated is 
output on the first eight rising edges of CLK at the Tx pin. The 
signaling data just demodulated is output on 501 and 502 on 
TEl's rising edge, as is VO. 


Tx- 
TRANSMIT 
DATA OUTPUT 


This is a standard B-series CMOS output. Voice data is out- 


put on this pin on the rising edges of CLK while TEl is high 
and is high impedance when TEl is low. 


II 


Xl-CRYSTAL 
INPUT 


A 4.096 MHz crystal is tied between this pin and X2. A 10 
megohm resistor across X1 and X2 and 25 pF capacitors from 
Xl and X2 to VSS are required for stability and to insure start- 
up. Xl may be driven by an external CMOS clock signal if X2 is 
left open. 


X2-CRYSTAlOUPUT 


This pin is capable of driving one external CMOS input and 
15 pF of additional capacitance. (SEE Xl) 


ClK-ClOCK 
OUTPUT 


This is a standard B-series CMOS output which provides the 
data clock for the telset mono-circuit. 
It is generated by 
dividing the oscillator down to 128 kHz and starts upon the 
completion of demodulation of an incoming burst from the 
master. At this time, ClK begins and TEl goes high. ClK will 
remain active for 16 periods, at the end of which it will remain 
low 
until 
another 
transmission 
from 
the 
master 
is 
demodulated. 
In this 
manner, 
sync 
from 
the 
master is 
established in the slave and any clock slip between the master 
and the slave is absorbed each frame. ClK 
is generated in 
response to an incoming burst from the master; however, if 
TE is brought high, then CLK and TE1/REl 
are generated 
from the internal oscillator until TE is brought low or an incom- 
ing burst from the master is received. CLK is disabled when []j 
is held low. 


Rx-RECEIVE 
DATA INPUT 


Voice data from the telset mono-circuit is input on this pin 
on the first eight falling edges of CLK after REl goes high. 


Mu/A- 
TONE DIGITAL 
FORMAT 
INPUT 


This pin determines if the PCM code of the 500 Hz square 
wave tone, generated when TE is high, is D3 (Mu/ A = 1) or 
CCITT (Mu/ A = 0) format. 


RE1-RECEIVE DATA 
ENABLE 1 OUTPUT 


This is a standard B-series CMOS output which is the in- 
verse of TEl (see TEl). 


lOl, 
l02-L1NE 
DRIVER OUTPUTS 


These outputs 
drive the twisted 
pair line with 
256 kHz 
modified OPSK bursts each frame and are push-pull. These 
pins are driven to Vref when the device is not modulating. 


The MCl45422 master and MC145426 slave VOLT trans- 
ceiver ICs main application is to bidirectionally transmit the 
digital signals present at a codec/filter-digital 
PABX backplane 
interface over normal telephone wire pairs. This allows the 
remoting of the mono-circuit 
in a digital telephone set and 
enables each set to have a high speed data access to the 
PABX switching 
facility. 
In effect, 
the VOLT allows each 


PABX subscriber direct 
access to the 
inherent 
sixty-four 
kilobits per second data routing capabilities of the PABX. 


The VOLT provides a means for transmitting and receiving 
sixty-four kilobits of voice data and sixteen kilobits-per-second 
of signaling data in two wire format over normal telephone 
pairs. The VOLT is a two chip set consisting of a master and a 
slave. The master VOLT replaces the codec/filter and SUC on 
the PABX line card, and transmits and receives data over the 
wire pair to the telset. The UOLT appears to the linecard and 
backplane as if it were a PCM codec/filter and has almost the 
same digital interface features as the MCl4400 series mono- 
circuits. The slave VOLT is located in the telset and interfaces 
the mono-circuit 
to the wire pair. By hooking two 
VOLTs 


back-to-back, a repeater can also be formed. The master and 
slave VOLTs operate in a frame synchronous manner, sync be- 
ing established at the slave by the timing of the master's 
transmission. The master's sync is derived from the PABX 
frame sync. 


The VOLT operates using one twisted 
pair. Eight bits of 
voice data and two bits of signaling data are transmitted and 
received each frame in a half duplex manner; i.e., the slave 
waits until the transmission from the master is completely 
received before transmitting back to the master. Transmission 
occurs at 256 kilohertz bit rate using a modified form of OPSK. 
This "ping-pong" 
mode will allow transmission of data at 
distances 
up to 
two 
kilometers 
before turnaround 
delay 
becomes a problem. The VOLT is so defined as to allow this 
data to be handled by the linecard, backplane, and PABX as if 
it were just another voice conversation. This allows existing 
PABX hardware and software to be unchanged and yet pro- 
vides switched sixty-four 
kilobits per second voice or data 
communications throughout its service area by simply replac- 
ing a subscriber's linecard and telset. A feature in the master 
allows one of the two signaling bits to be inserted and ex- 
tracted from the backplane PCM word to allow simultaneous 
voice and data transmission through the PABX. Both UOLTs 
have a loop-back feature by which the device can be tested in 
the user system. 
The slave VOLT has the additional feature of providing a 500 
hertz Mu or A-law coded square wave to the mono-circuit 
when the TE pin is brought high. This can be used to provide 
audio feedback in the telset during keyboard depressions. 


GENERAL 


The UOLT consists 
of a modulator, 
demodulator, 
two 
in- 
termediate 
data buffers, 
sequencing 
and control 
logic, 
and 
transmit 
and receive data registers. 
The data registers inter- 
face to the linecard or mono-circuit 
digital 
interface 
signals, 


the 
modulator 
and 
demodulator 
interface 
the 
twisted 
pair 
transmission 
medium, 
while 
the intermediate 
data registers 
buffer data between these two sections. The UOLT is intended 
to operate on a single five volt supply and can be driven by 
TIL 
or CMOS logic. 


MASTER 
OPERATION 


In the master, 
data from 
the 
linecard 
is loaded into the 
receive register each frame from the Rx pin under the control 
of the TOC/ROC 
clock and the receive data enable, RE1. RE1 
controls 
loading of eight serial bits, henceforth 
referred to as 
the voice data word. 
Each MSI, these words 
are transferred 
out of the receive register to the modulation 
buffer for subse- 
quent modulation 
onto the line. The modulation 
buffer takes 
the received voice data word and the two signaling data input 
bits on Sl1 and Sl2 loaded on the MSI transition 
and formats 
the 
ten 
bits 
into 
a specific 
order. 
This 
data field 
is then 
transmitted 
in a 256 kilohertz 
modified 
OPSK burst onto the 


line to the remote slave UOLT. 
Upon 
demodulating 
the return 
burst from 
the slave, the 
decoded 
data is transferred 
to the demodulation 
buffer 
and 
the signaling bits are stripped 
ready to be output 
on S01 and 
502 at the next MSI. The voice data word is loaded into the 
transmit 
register as described 
in the TE1 pin description 
for 
outputting 
via the Tx pin at the TOC/ROC 
data clock 
rate 
under the control 
of TE1. VO is output 
on the rising edge of 
MSI. Timing diagrams for the master are shown in Figure 10. 


SLAVE 
OPERATION 


In the slave, the synchronizing 
event is the detection 
of an 
incoming line transmission 
from the master as indicated by the 
completion 
of demodulation. 
When 
an incoming 
burst from 
the master is demodulated, 
several events occur. 
As in the 
master, data is transferred 
from 
the demodulator 
to the de- 


modulation 
buffer and the signaling 
bits are stripped for out- 


putting 
at 
501 
and 
502. 
Oata in the 
receive 
register 
is 
transferred 
to the modulation 
buffer. TE1 goes high loading in 
data at 511 and 512, which 
will be used in the transmission 
burst to the master along with the data in the transmit 
data 
buffer, 
and outputting 
501, 
502, 
and VO. Modulation 
of the 
burst begins four 256 kilohertz periods after the completion 
of 
demodulation. 
While TE1 is high, voice data is output 
on Tx to the telset 
mono-circuit 
on the rising edges of the data clock output 
on 


the CLK pin. On the ninth rising edge of CLK, TE1 goes low, 
RE1 goes high, and voice data from the mono-circuit 
is input 
to the receive register from the Rx pin on the next eight falling 
edges of CLK. RE1 is TE1 inverted and is provided to facilitate 
interface to the mono· circuit. 


The CLK pin 128 kilohertz 
output 
is formed 
by dividing 
down 
the 4.096 megahertz 
crystal frequency 
by thirty-two. 


Slippage between the frame rate of the master (as represented 
by the completion 
of demodulation 
of an incoming 
transmis- 


sion from the masterl and the crystal frequency 
is absorbed by 
holding the sixteenth low period of CLK until the next comple- 
tion of demodulation. 
This is shown in the slave UOLT timing 
diagram of Figure 11. 


POWER-DOWN OPERATION 


In the master, when PO is low, the UOLT stops modulating 
and only that circuitry 
necessary to demodulate 
the incoming 
bursts and output 
the signaling and VO data bits is active. In 
this mode, if the UOLT receives a burst from the slave, the 
501, 
502, 
and VO pins will change state upon completion 
of 
the demodulation 
instead of the rising edge of MSI. The state 
of these pins will 
not 
change 
until 
either three 
rising 
MSI 
edges have occurred without 
the reception of a burst from the 
slave or until another burst is demodulated, 
whichever occurs 
first. 
When PO is brought 
high, the master UOLT will wait either 
three rising MSI edges or until the MSI rising edge following 
the demodulation 
of an incoming 
burst before transmitting 
to 
the slave. The data for the first transmission to the slave after 
power- 
up is loaded into the UOLT during 
the RE1 period 
prior to the burst in the case of voice, and on the present rising 
edge of MSI for signaling data. 


In the slave, 
PO is a bidirectional 
pin with 
weak output 
drivers such that it can be overdriven 
externally. 
When held 
low, the UOLTsiave is powered-down 
and only that circuitry 
necessary for demodulation, 
TE1/RE1/CLK 
generation 
upon 
demodulation, 
and the outputting 
of voice and signaling bits is 
active. When 
held high, the UOLT slave is powered-up 
and 


transmits 
normally 
in response 
to received 
transmissions 
from 
the master. If no bursts have been received from the master 
within 
250 I's 
after 
power-up 
(derived 
from 
the 
internal 
oscillator 
frequency), 
the UOLT generates an internal 
125 ItS 
free-running 
clock from the internal oscillator. 
The slave UOLT 
then bursts a transmission 
to the master UOLT every other 125 
I'S clock period using data loaded into the Rx pin during the 
last RE1 period and 511,512 data loaded in on the internal 125 
I'S clock edge. The weak output 
drivers will try to force PO 
high when a transmission 
from the master is demodulated 
and 
will try to force it low if 250 I'S have passed without 
a transmis- 
sion from 
the 
master. 
This allows 
the slave UOLT to self 


power-up 
and down in demand powered-loop 
systems. 
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II 
Both 
the 
Differential-Phase 
Shift 
Keying 
and the 
Modified 
Differential-Phase-Shift 
Keying 
waveforms 
are shown 


above. 
The DPSK encodes 
data as phase reversals of a 256 kHz carrier. 
A "0" 
is indicated 
by a 180 degree 
phase shift 


between 
bit boundaries, 
while 
the signal continues 
in phase to indicate 
a"'''. 
This method 
needs no additional 
bits to 


indicate 
the start of the burst. 


The Modified 
OPSK waveform 
actually 
used in the transceivers 
is a slightly 
modified 
form of DPSK. 
as shown 
in the 


figure. 
The phase-reversal 
cusps of the DPSK waveform 
have been replaced 
by a 128 kHz half cycle to .vwer the spec- 


tral content 
of the waveform, 
which, 
save for some 
key differences. 
appears 
quite 
similar 
to frequency-shift 
keying. 


The burst 
always 
begins 
and ends with 
a half cycle of 256 kHz, which 
helps locate 
bit boundaries. 
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Advance Information 
Data Set Interface 
Asynchronous-To-Synchronous 
Synchronous-To-Asynchronous 
Converter 


The MC 145428 Data Set Interface provides asynchronous to synchronous and 
synchronous to asynchronous data conversion. It is ideally suited for voice/data digital 
telsets supplying an RS-232 compatible data port into a synchronous transmission link. 
Other applications include. data multiplexers. concentrators. data-only switching and 
P8X-based local area networks. This low power CMOS device directly interfaces with either 
the 64 kbps or 8 kbps channel of Motorola's MC145422 and MC145426 Universal Digital 
Loop Transceivers (UDLTsl. as well as the MC14541 8 and MC145419 Digital Loop 
Transceivers IDLTs). 


• 
Provides the Interface 8etween Asynchronous Data Ports and Synchronous 


Transmission 
Links 
• 
Up to 128 kbps Asynchronous Data Rate Operation 
• 
Up to 2.1 Mbps Synchronous Data Rate Operation 
• 
On-board Bit Rate Clock Generator with Pin Selectable Bit Rates of 300. 1200. 2400. 


4800. 9600. 19200 and 38400 bps or an Externally Supplied 16 Times Bit Rate Clock 
• 
Accepts Asynchronous Data IIIk>rdsof Eight or Nine Bits in Length 
• 
False Start Detection Provided 
• 
Automatic Sync Insertion and Checking 
• 
Single 5 Volt Power Supply 
• 
Low Power Consumption of 5 mW Typical 
• 
Applications Notes AN943 and AN946 


BR1-BR3 


BC 


BRCLK 


- 


, 
l SUFFIX 


CERAMIC 
CASE 732 


~ 
1 
P SUFFIX 
PLASTIC 
CASE 738 


PIN ASSIGNMENT 


T,S 
YDD 


T,D 
19 
RESET 


DL 
lB 
DCD 


BRCLK 
17 
DDE 


BC 
16 
CM 


BRI 
15 
DC 


BR2 
14 
DIE 


BR3 
13 
DCI 


SB 
12 
RxS 


VSS 
10 
II 
RxD 


DDE 


DIE 


DC 
CM 


RESET 


II 


II 


Rating 
Symbol 
Value 
Unit 


DC Supplv Voltage 
VOO·VSS 
-0.51060 
V 


Voltage. Any Pin to VSS 
V 
-0 5 to VOO '0 5 
V 


DC Current. Any Pin 
I 
'10 
mA 


(ExcludIng VOO. VSS) 


Operating Temperature 
TA 
-40 to '85 
°C 


Storage Temperature 
T5t9 
-85 to ., 50 
°C 


Parameter 
Symbol 
VOO 
Min 
Max 
Unit 
I 


Input HIgh Level 
VIH 
5 
35 
- 
V 


Input Low Level 
VIL 
5 
- 
1.5 
V 


Input Current 
I,n 
- 
- 
'1.0 
"A 


Input Capacitance 
C,n 
- 
- 
7.5 
pF 


Output High Current (Source) 
IOH 
mA 


VOH = 2.5 V 
5 
-1.7 
- 


VOH = 4.6 V 
5 
-0.36 
- 


Output Low Current 
IOL 
mA 


VOL = 04 
V 
5 
0.36 
- 


VOL = 08V 
5 
08 
- 


Operating Current 
100 
5 
- 
20 
mA 
(DC = 128 kHz. 8C = 4 096 MHz) 


Characteristic 
Min 
Typ 
Max 
Unit 


Baud Clock Bit Rate Input Frequency 
MHz 
(8RI. 
BR2. BR3) = (0.0.0) 
- 
- 
21 


(BR1. BR2. BR3) = non·ze,o 
- 
- 
4.1 


Baud Clock Pulse WIdth 
100 
- 
- 
ns 


Data Clock Frequency 
- 
- 
21 
MHz 


Data Clock Pulse Wtdth 
200 
- 
- 
ns 


RxS. RECEIVE STATUS OUTPUT 


This pin will go low if framing 
of the synchronous 
channel 
is 


lost or not eSlablished 
or if RESET is low. or if the receive 
FIFO 


is overwritten. 


VDD. POSITIVE 
POWER SUPPLY 


The 
most 
positive 
power 
supply 
pin, normally 
5 volts 


VSS. NEGATIVE 
POWER SUPPLY 


The 
most 
negative 
supply 
pin. normally 
0 volts. 


SB. STOP BITS INPUT 


This 
pin 
controls 
the 
number 
of 
stop 
bits 
the 
DATA 


FORMATIER 
will 
re·create 
when 
outputting 
data at the 
RxD 


asynchronous 
output. 
A high on this pin selects 
two stop bits; 


a low selects 
one stop bit 
TxD. TRANSMIT 
DATA INPUT 


Input 
for asynchronous 
data. 
Idle is logic 
high; 
break 
is 11 


baud 
or more 
of logic low. 
One 
stop bit is required. 
DL. DATA LENGTH INPUT 


ThIS pin instructs 
the DSI to look for either 
8 or 9 bits of data 


to be input 
at the 
TxD asynchronous 
input 
between 
the 
start 


and 
stop 
bits. 
The 
DL 
input 
also 
instructs 
the 
DS!'s 


SYNCHRONOUS 
CHANNEL 
RECEIVER 
and SYNCHRONOUS 


CHANNEL 
TRANSMITIER 
to expect 
8 or 9 bit data words 
and 


also instructs 
the DS!'s 
DATA FORMATIER 
to re·create 
80r 
9 


data bits between 
the start and stop bits when 
outputting 
data 


at its RxD asynchronous 
output. 
A high 
on this 
pin selects 
a 9 


bit data word; 
a low selects 
an 8 bit data word 
length. 


RxD. 
RECEIVE 
DATA OUTPUT 


Output 
for asynchronous 
data. The number 
of stop bits and 


the data word 
length 
are selected 
by the S8 and DL pins. Idle is 


logic high; 
break 
is a continuous 
logic low. 


TxS. TRANSMIT 
STATUS OUTPUT 


This pin will 
go low if the transmit 
FIFO holds 
2 or more data 


words 
or if RESET is low. 


BC. BAUD CLOCK INPUT 


This pin serves as an input for an externally supplied 16 
times data clock. Otherwise. the BCpin expects a 4.096 MHz 
clock signal which is internally divided to obtain the 16 times 
clock for the most frequently 
used standard bit rates (see 
BR1-BR3 pin description). 


BRCLK. 16 TIMES CLOCK INTERNAL 
OUTPUT 


This pin outputs the internal 
16 times asynchronous data 
rate clock. 


BR1. BR2. BR3. BfT RATE SELECT INPUTS 


These three pins select the asynchronous 
bit rate. either 
externally supplied at the BCpin (16 times clock) or one of the 
internally supplied bit rates. (See Table 1.) 


DCO. DATA CHANNEL 
OUTPUT 


This pin is a three-state output pin. Synchronous data is 
output when DOE is high. This pin will go high impedance 
when DOE or RESETare low. When CM is low. synchronous 
data is output on DCO on the falling edges of DC as long as 
DOE is high. When CM is high. synchronous data is output on 
DCO on the rising edges of DC. while DOE is held high. No 
more than eight data bits can be output during a given DOE 
high interval when CM = high. This feature allows the DSI to 
interface directly with the MC145422/26 
Universal Digital 
Loop Transceivers (UDLT"s) and PABX time division multi- 
plexed highways. 


DOE. DATA OUTPUT ENABLE INPUT 


See DCO pin 
description 
and 
the 
SYNCHRONOUS 
CHANNEL INTERFACEsection. 


DIE. DATA INPUT ENABLE INPUT 


See DCIpin description and the SYNCHRONOUS CHANNEL 
INTERFACEsection. 


DC. DATA CLOCK INPUT 


See DCIand DCOpin descriptions and the SYNCHRONOUS 
CHANNEL INTERFACEsection. 


CM. CLOCK MODE INPUT 


See the SYNCHRONOUS CHANNEL INTERFACE section 
and the SYNCHRONOUSCLOCKING MODE SUMMARY. (See 
Table 2.) 


RESE~ 
RESET INPUT 


When held low. this pin clears the internal FIFO·s.forces 
the TxD asynchronous 
input to appear high to the DS!'s 
internal circuitry. forces TxS and RxS low. When returned 
high. normal operation results. 
When the RESET input is returned high the DS!'s SYN- 
CHRONOUS CHANNEL RECEIVERwill not accept or transfer 
any incoming data words on the DCI pin to the Rx FIFO until 
one "flag" 
word is input at the DCI pin. (Also see RxS pin 
description.) 


DCI. DATA CHANNEL 
INPUT 


Synchronous data is input on this pin on the falling edges of 
DC when DIE is high. 


BR3 
BR2 
BRl 
Bit Rate(bps) 
BCI" MHz 
BRCLK 


0 
0 
0 
Variable0 to 128kbps 
Oto 2.1 MHz 
Oto 2.1 MHz 


0 
0 
1 
384k 
4.096 
614.4 kHz 


0 
1 
0 
19.2k 
4.096 
307.2kHz 


0 
1 
1 
9600 
4.096 
153.6kHz 


1 
0 
0 
4800 
4.096 
76.8 kHz 


1 
0 
1 
2400 
4.096 
38.4 kHz 


1 
1 
0 
1200 
4.096 
19.2kHz 


1 
1 
1 
300 
4.096 
4.8 kHz 


II 


II 


CM = LOW, SYNCHRONOUS 
CHANNEL RECEIVER INPUT SWITCHING CHARACTERISTICS 


(Cl = 50 pF. VOO = 5 V. TA = 25°C) (See Figure 
1A) . 


Characteristic 
Symbol 
Min 
Typ 
Max 
Unit 
Notes 


DIE Fall Before DC Falls 
tsul 
40 
-9 
- 
ns 
1 


DIE Rise After 
Rise of DC 
tsu2 
40 
+24 
- 
ns 
2 


DCI Data Stable 
Before DC Falling 
Edge 
tsu3 
40 
-5 
- 
ns 
3 


DCI Data Stable After 
DC Falling Edge 
thl 
40 
0 
- 
ns 
4 


NOTES: 
1 
Time DIE must fall before DC falls in order to avoid reading the bit after 83 
2. Time DC must be high before DIE rise in orderto 
avoid clocking 
in the bit before B 1. (See Synchronous 
Channel 
Interface 
for further 
details and 
see Figure 
1A.) 
3. Time data must be stable on the DCI pin before falling 
edge of the data clock DC 
4. Time data must be stable on the DC! pin after the falling edge of the data clock DC 


NOTE 
When eM::: 0, data bits are read into the DSl's SYNCHRONOUS 
CHANNEL 
RECEIVER at the DCI pin on the falling 
edge of the signal formed 


by the lOGICAL 
NAND of DC and DIE 
i.e. + of DC. DIE 


CM = LOW, SYNCHRONOUS 
CHANNEL TRANSMITIER 
OUTPUT SWITCHING CHARACTERISTICS 


ICl 
= 50 pF. VDD = 5 V. TA = 25°CIISee 
Figure 
1B) 


Characteristic 
Symbol 
Min 
Typ 
Max 
Unit 
Notes 


DC Falling to DOE Rising 
tsu4 
0 
10 
- 
ns 
5 
DOE Falling to DC Rising 
tsu5 
40 
-5 
- 
ns 
6 
DOE Rising to DCa Active 
tp1 
50 
2B 
- 
ns 
7 
DOE Fall;ng to H,gh-Z of DCO 
tp2 
50 
26 
- 
ns 
B 
DC Falling 
\0 DCO 
tp3 
BO 
71 
- 
ns 
9 


NOTES' 


5. Time DC must be low before the rising edge of DOE in order to avoid clocking out a data bit before B1. (See Synchronous 
Channel Interface 


section for further details and also Figure 18.) 
6. Time DOE must be low before the rising edge of DC in order for the (*) bit to be output in the B1 position in the next cycle 
7. Propagation delay time from the rising edge of DOE to the low output Impedance state of the DCa pin 
8 
Propagation delay time from the falling edge of DOE to the high output impedance state of the DCO pin 
9. Propagation delay time from the falling edge data of the data clock DC to valid data on the DCa pin 


HIGH IMPEDANCE 
~ 
-------------o~-------------- 


*This bit will 
be output 
in the B 1 position 
on the next cycle of DOE. 


NOTE: When 
eM = Low, data bits are advanced 
from the DSl's SYNCHRONOUS 
CHANNEL TRANSMITIER 
at the DCa pin on the riSing edge of the 
sognal formed 
by the LOGICAL 
NAND of DC and DOE. 
0 e. + of DC. 
DOE 


CM = HIGH. SYNCHRONOUS 
CHANNEL RECEIVER INPUT SWITCHING CHARACTERISTICS 


ICL = 50 pF. VDO = 5 V. TA = 25°C) (See Figure 
1C) 


Characteristic 
Symbol 
Min 
Typ 
Max 
Unit 
Notes 


DIE Rising to DC Falling 
tsu6 
100 
76 
- 
ns 
10 


DCI to DC Falling 
tsu7 
40 
-4 
- 
ns 
11 


DC Falling to DCI 
th2 
20 
0 
- 
ns 
12 


NOTES' 


10. Time DIE must be high before the falling 
edge of DC In order for the data bit to be accepted 
by the synchronous 
data mput of the oSI. (see 


Synchronous Channel Interface for further detaIls.) 


1,. 
Time DCI data must be stable before the falling edge of the data clock DC. 


12. Time DCI data must be stable after the falling 
edge of the data clock DC 


OlE MAY BE RETURNED 


lOW 
ANY TIME AFTER 


THIS 
POINT 


-last 
bit accepted. 


NOTE: When eM = 1, data bIts are read mto the DSrs SYNCHRONOUS 
CHANNEL 
RECEIVER at the DC! pIn on the failing 
edge of the signal formed 


by the LOGICAL 
AND of DC and DIE (DC. 
DIE) 


II 


II 


CM = HIGH, SYNCHRONOUS 
CHANNEL TRANSMITTER 
OUTPUT SWITCHING CHARACTERISTICS 
(CL= 50 pF.VDD= 5 V.TA= 25°C)(SeeFigure1D) 


Characteristic 
Symbol 
Min 
Typ 
Max 
Unit 
Notes 


DCFallingto DOERising 
tsuB 
100 
82 
- 
ns 
13 


DOE Rising to Active 
Data on oCO 
tp4 
105 
87 
- 
ns 
14 
DOEFallingto High-Zon DCO 
tp5 
50 
28 
- 
ns 
15 
DCRisingto DCO 
tp6 
100 
74 
- 
ns 
16 


NOTES: 


13 
Time DOE must be high before the falling edge of the data clock DC. 


14 
Time delay between 
the rise of the DOE pin and the time the DCD reaches 
the low impedance 
state 
15. Time delay between 
the fall of the DOE pin and the time the DCa pin reaches 
the high impedance 
state 
16. Delay from the rising edge of the data clock DC to the valid data on the DCa pin 


-1 r'SUB 


NOTE: When eM = 1. data bits are advanced 
from the DSl's 


SYNCHRONOUSCHANNELTRANSMITIERat the DCOpin on the 
rising 
edge of the signal formed 
by the LOGICAL AND of DC and 
DOE (DC. DOE) 


ODE MAY BE RETURNED 


lOW 
ANY TIME AFTER 


THIS 
POINT 


CIRCUIT DESCRIPTION 


The MC 145428 Data Set Interface provides a means for 
conversion of an asynchronous (start/stop 
format) data 
channel to a synchronous data channel and synchronous to 
asynchronouS data channel conversion. Although primarily 
intended to facilitate the implementation of RS-2J2 compat- 
ible asynchronous data ports in digital telephone sets using 
the MC145422/26 
UDLTs,this device is also useful in many 
applications that require the conversion of synchronous and 
asynchronous data. 


TRANSMIT 
CIRCUIT 


Asynchronous 
data is input on the TxD pin. This data is 
expected to consist of a start bit (logic low) followed by eight or 
nine data bits and one or more stop bits (logic high). The length 
of the data word is selected by the DLpin. Thedata baud rate is 
selected with 
the BR1. BR2. and 8RJ pins to obtain the 
internal 
sampling 
clock. This internal 
sampling 
clock is 
selected to be 16 times the baud rate at the TxD pin. An 


externally supplied 16times clock may also be used. in which 
case. the BR1. BR2. and BRJ pins should all be at logic zero 
and the 16 times sampling clock supplied at the 8C pin. 


Data input at the TxD pin is stripped of start and stop bits and 
is loaded into a four-word 
deep FIFO register. 
A break 
condition is also recognized at the TxD pin and this informa- 
tion is relayed to the synchronous channel transmitter which 
codes this condition so it may be re-created at the remote 
receiving device. 


The synchronous channel transmitter sends one bit at a 
time 
under 
control 
of the 
DC. CM. and DOE pins. The 
synchronous channel transmitter 
transmits one of three 
possible data patterns based on whether or not the top of the 
Tx FIFO is full and whether or not a break condition has been 
recognized by the data stripper. When no data is available at 
the top of the Tx FIFOfor transmission. the synchronous data 
transmitter 
sends 
a special 
synchronizing 
flag 
pattern 
(01111110). When a break condition is detected by the data 
stripper and no data is available at the top of the Tx FIFO.the 
break pattern 
(11111110) is sent. Figure 2A depicts this 


operation. 


Figure 2A. Synchronous Data Channel 
Transmitter Operation 


When stripped data words reach the top of the TxFIFOthey 
are loaded into the SYNCHRONOUS CHANNEL TRANS- 


MITTER 
and are sent using a special 
zero insertion 
technique. 


When stripped data is being transmitted, the synchronous 


data 
transmitter 
will 
insert 
a binary 
0 after 
any succession 
of 
five continuous 1's of data. Therefore, using this technique, 
no pattern of (01111110) or (111111101 can occur while 
sending data. This also allows the DSIto synchronize itself to 


the 
incoming 
synchronous 
data 
word 
boundaries 
based 
on 
the data alone. 


The receive section of the DSI (synchronous channel 


receiver) 
performs 
the reverse 
operation 
by removing 
a binary 
o that follows five continuous 1's in order to recover the 
transmitted data. (Note that a binary 1 which follows five 
continuous 1's is not removed sothat flags and breaks may be 
detected.) Figure 28 shows an example of this process. 


ACTUAL SYNCHRONOUS WOROS TRANSMITIEO BY THE SYNCHRONOUS 


CHANNEL TRANSMITTER 


FLAG. 01111110.111110111 
110000000.111110100. 
0111111Q 
FLAG, FLAG.' 


If the incoming daia rate at TxDexceedsthe rate at which it 
is output at DCO,the FIFO will fill. The TxS pin will go low 
when the FIFO contains two or more words. TxS may, 
therefore, be used as a local Clear-to-Send control line at the 


asynchronous 
interface 
port to avoid transmit 
data over-runs. 


In order to insure synchronization during the transfer of a 
continuous stream of data the DSl's synchronous channel 
transmitter will insert a flag synchronizing word (01111110) 
every 61stdata word. The DS!'ssynchronous channel receiver 
checks for this synchronizing word and if not present. the loss 
of synchronization will be indicated by the RxS pin being 
latched low until the flag synchronizing word is received.Note 
that under these conditions the data will continue to output 
at RxD. 


RECEIVE CIRCUIT 


Data incoming from the synchronous channel is loaded into 
the MC145428 atthe DCIpin underthe control olthe DCand 
DIE pins 
(see SYNCHRONOUS CHANNEL INTERFACE 
section). Framing information, break code detection, and data 
word recovery functions are performed by the SYNCHRON- 
OUS CHANNELRECEIVER.Recovereddata words are loaded 
into the four word deep Rx FIFO.When the recovered data 
words reach the top olthe RxFIFOthey are taken bythe DATA 
FORMATIER. start and stop bits are re-inserted and the re- 
constructed asynchronous data is output at the RxDpin at the 
same baud rate as the transmit side. The number of stop bits 
and word length are those selected by the S8 and DL pins. 


Lossofframing, if it occurs, is indicated bythe RxSpin going 
low. Data will continue to be output under these conditions, 
but RxSwill remain low until frame synchronization, i.e..the 
detection of a framing flag word, is re-established. If the 
output data rate is less than the data rate of the incoming 
synchronous data channel, data will be lost at a rate of one 
word at a time due to the bottom word on the Rx FIFObeing 
overwritten. 
In order to prevent data loss (in the form of 


asynchronous 
terminal 
to asynchronous 
terminal 
over-runs) 
due to clock slip between remote DSllinks, (during long bursts 
of continuous data) the DSI purposely reduces the length of 
the stop bit which it re-creates at its RxD output by 1/32nd. 
This action allows the originator of a transmission (of asyn- 
chronous data)to be up to 3%fasterthan the receive device is 
expecting for any given data rate. This tolerance is well within 
the normally 
expected differences 
in clock frequencies 
between remote stations. Ifthe RxFIFOis overwritten the RxS 
line will pulse low for one DC clock period following 
the 
over-writing of the bottom level of the Rx FIFO. 


INITIALIZATION 


Initialization is accomplished by use of the RESET pin. 


When held low, the internal FIFOsare cleared, the TxD input 
appears high to the data strippers internal Circuitry, DCO is 
forced to a high impedance state, TxSand RxSare forced low. 
When brought 
high normal operation resumes and the 
synchronous channel transmitter sends the flag code until 
data has reached the top of the Tx FIFO.Note that the TxSline 
will immediately go high after RESETgoes high, while RxS 


II 


•• 


will remain low until framing is detected. The synchronous 
channel receiver section of the OSI is forced into a "HOLD" 
state while the RESETline is low. The synchronous channel 
receiver remains in the "HOLD" state after RESETgoes high 
until a flag code word (01111110) is received at the OCIpin. 
While in the "HOLD" state no data words can be transferred 
to the RxFIFOand, therefore. the DATAFORMATIER and RxO 
line are held in the MARK idle state. After receiving the flag 
code pattern the RxS line goes high and normal operation 
proceeds. RESET should be held low when power is first 
applied to the OSt. RESETmay be tied high permanently, if a 
short period of undefined operation at initial power applica- 
tion can be tolerated. 


The synchronous channel interface is generally operated in 


one of three 
basic modes 
of operation. 
The first is a continuous 
mode. A new data bit is clocked out of the OCO pin on each 
successive falling edge of the DC clock. and a new data bit is 
accepted by the OSI at its OCI pin on each successive falling 
edge of the DCclock. In this mode of operation, the CM control 
line is always low and the DOE and DIE enable control lines 
are always high. This is the typical setup when interfacing the 
OSI to the 8 kbps signal bit inputs and outputs 
of the 
MC145422126 UOLTs ISee Figures 3A and 4.) 


The second 
synchronous 
clocking 
mode 
is one 
in which 
8 
bits at a time 
are clocked out of the 
SYNCHRONOUS 
CHANNEL TRANSMITIER. and 8 bits are read by the SYN- 
CHRONOUSCHANNEL RECEIVERat a time. The transferring 
of these 8 bit groups of data would normally be repeated on 


some 
cyclic 
basis. 
An example 
is a time 
division 
multiplexed 
data highway. In this mode (CM = 1), the rising edge of the 
enable signal DIE and DOE should be roughly aligned to the 
rising edge of the DCclock signal. When enabled, the data is 
clocked out on the rising edge of the DC clock through the 
OCO pin and clocked in on the falling edge of the DC clock 
through the OCI pin. A variation of this clocking mode is to 
transfer lessthan 8 bits of data into or out of the OSIon a cyclic 
basis. If lessthan eight bits are to be transmitted and received. 
enable pins DIEand DOEshould be returned low while the DC 
clock is low. This is illustrated in Figure 3D where five bits are 
being clocked out of the OSIthrough the OCOpin and four bits 
are being input to the OSI through the OCIpin. 


This restriction does not apply if eight bits are to be clocked 
into or out of the synchronous channels of the OSI; i.e.. the 
OSI has internal circuitry to prevent more than eight clocks 
following the rising edge of the respective enable signals). 
Figure 3B illustrates a timing diagram depicting an eight bit 
data format. If the DOE enable is held high beyond the eight 
clock periods the last data bit B8 will remain at the output of 


the OCOpin until the DOEenable is brought lowto reinitialize 
the sequence. Similarly the OSt's SYNCHRONOUSCHANNEL 
RECEIVERwill read lat its OCIinput) a miximum of eight data 
bits for any given DIE high period. 


The CM = high mode, using 8 bits of data, is the typical setup 
for 
interfacing 
the 
OSI to the 
64 kbps channel 
of the 
MC145422 
or MC145426 
Universal 
Digital 
Loop Trans- 
ceivers. (See Figure 3B and Figure 5.) 


In the 
third 
mode 
of 
operation, 
an 
unlimited 
variable 
number of data bits may be clocked into or out of the 
synchronous side of the OSI at a time. When the CM line is 
low, any number of data bits may be clocked into or out of the 
OSt's synchronous channels provided that the respective 
enable signal is high. Figure 3C illustrates three data bits 
being clocked out of the OCO pin and three data bits being 
clocked into the OCIpin. 


In the CM = low mode of operation, an internal clock is 
formed, which isthe logical NAND of DC, DOEand CM,IOC. 
DOE. 
CM). It is on the rising edge of this signal that a new 
data bit is clocked out of the OCO pin. Therefore, the DOE 
signal should be raised and lowered following the falling edge 
of the DCclock (i.e., when the DC clock is low). 


Also 
in the eM = low 
mode 
of operation, 
another 
internal 
clock is formed which is the logical NAND of DC, DIE.and CM 
10C. DIE. 
CM). It is on the falling edge of this signal that a 
new bit is clocked into the OCI pin. Therefore the DIE signal 
should be raised and lowered following the rising edge of the 
DCclock (i.e.. when the DC clock is high). 


The 
following 
table 
summarizes 
when 
data 
bits 
are 


advanced 
from 
the 
synchronous 
channel 
transmitter 
and 


when 
data bits are read 
by the synchronous 
channel 
receiver 
dependent on the CM control line. (Shown below in Table 2.) 


Mode 
Bits Advanced 
From 
Bits Read By 
The Synchronous 
The Synchronous 
Channel Transmitter 
On; 
Channel 
Receiver 
On: 


CM = 0 
The rising edge of an 
The falling edge of an 
internal clock formed by 
internal clock formed by 
the logicalNANOof DOE 
the logicalNANDof OlE 
and DC. 
andDC. 


i.e .,.of DOEe OC 
I.e.,. of DIE. DC 


CM = 1 
The rising edge of an 
The falling edge of an 
internal clock formed by 
internal clock formed by 
the logicalANDof DOE 
the logicalANOof OlE 
andDC 
andDC. 


i.e'" of OOEeDC 
ie. ,. of DIEe DC 


eM 
~_I 
_ 


OOE~( 


r--f,1 


OlE ---.! 
I 


II 


II 


~ 
HIGH·I 
---------~~------------- 


I 


SAME AS IN CM ; 0 MODE 
EXCEPT ODE MUST FAll 
BEFORE THE RISE OF DC 
TO AVOIDTHE OUTPUT OF 
6 BITS 


CM;HIGH f' 


+5 V 


VOO 


ROO 
Vref 


TOO 
Ax 
U 
TO LINE 


INTERfACE 
ACE 
TEl 
LOI 
CIRCUIT 
MCI4402 
TOE 
REI 
L02 


PCM 
CCI 
CLK 
MONO· CIRCUIT ROC 
RINGER 


TOC 
SOl 
CIRCUIT 
ii 
~ 
<:! 
'" 


MCI45426 
., 
'" 
N 
SLAVE UOLT 


SII 
HOOK SWITCH 


-5 
V 
AND 
II 


DIALER 


+5V 


VOO 


OCO 
TRANSMIT 
DATA 


OCI 
RECEIVE DATA 


+5 V 
ODE 
CLEAR TO SEND 


DIE 
DATA SET READY / 
CARRIER DETECT 
DC 
DATA TERMINAL 


CM 
READY 


4.096 
MHz 
MCI45428 


BC 


BAUD 
BRI 
SB 
fORMAT 
RATE 
BR2 
SELECT 


SELECT 


SWITCH 
BR3 
OL 
SWITCH 


VSS 


II 


ROD 


TOO 


RCE 


MC14402 
TOE 


PCM 
CCI 
MONO-CIRCUIT 
ROC 


TOC 
ii 
.l! 
'" 
~ ~ ~ 
N 


TO TUSET 


POW£R 


DOWN 


CIRCUIT 


VSS 
VDO 


T, 
Vref 


Rx 
U 


n1 
LDI 


REI 
LD2 


CLK 


TO LINE 


INTERfACE 


CIRCUIT 


BAUD 


RATE 


SELECT 


SWITCH 


BC 


MCI4542B 


BRI 
SB 


BR2 


BR3 
OL 


VSS 


fORMAT 


SELECT 


SWITCH 


HOOK SWITCH 


AND 


DIALER 


TRANSMIT 
DATA 


RECEIVE DATA 


CLEAR TO SEND 


DATA SET READY I 


CARRIER DETECT 


3:0 
""""~ 
.12 
V 
+5 V 
MCI45406 
C1I 


RS·232 
.j::l. 


VOO 
VCC 
ORIVER/RECEIVER 
I\) 


OSlO 
00 


+5 V 
Tx OATA 
MC145428 


VOO 
8RCLK 
R. DATA 
CM 
T.O 
RST 
R.O 
OCI 
S8 
OTR 


MCI45426 
DIE 
OL 
CHANNEl 
0 
ODE 
8R3 
+5 V 
+5 V 
SLAVE UOLT 
OCO 
8R2 
OSR 


VOO 
8C 
8RI 


DC 
TxS 
LOI 
VSS 
RxS 
T. 
CHO ODE 
Rx 
CHO DIE 
ClK 
128 kHz 
CTS 


L02 
TE 
CHO SIG IN 
MulA 
CHO SIG OUT 
VSS 
GNO 
TEl 
· 
· 
REI 
• 
· 
W 
• 
• 
-12 
V 
~ 
II 
SII 
CHI 
SlG IN 
SI2 
CHI 
SIG OUT 
•. 12 V 
+5 V 
MC 145406 
Ol 
S02 
RS·232 
PO 
+5 V 
CHI 
ODE 
OSI I 
DRIVER/RECEIVER 
LB 
+5 V 
CHI 
DIE 
+5 V 


Vref 
MC145428 


VSS XI 
VOO 
8RCLK 
T. DATA 
X2 
CM 
TIO 


10M 
RST 
RIO 
RI DATA 
SEOUENCING AND 
OCI 
S8 


4.096 
MHz 
SIGNALLING 
DIE 
OL 
OTR 
ODE 
8R3 
CHANNEl 
I 
OCO 
8R2 


8C 
8RI 
OSR 


DC 
TxS 


VSS 
RxS 
-=- 
T1 : Lepco PIN 
P·1358·A 
CIS 


VSS 
GNO 


-12 
V 
-=- 
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® MOTOROLA 


CMOS 


ILOW-POWER 
COMPLEMENTARY 
MOS) 


The MC145429 IS a silicon-gate CMOS Telset Audio Interface IC In- 


tended 
for 
microcomputer 
controlled 
dIgital 
or analog 
telsel 
applica- 


tions 
The 
device 
provides 
the 
mterface 
between 
a 
codeclfllter 
or 
analog 
speech 
network 
and 
the 
telset 
mouthpiece, 
earpiece, 


rmger/speaker 
amplifier. 
and 
an auxIliary 
Input 
and 
output 
The 
con- 


figuration of the device IS programmed via a se"al digital data port 
Features provided on the device mclude 


TELSET 
AUDIO 
INTERFACE 


• 
Independent Adlustment of Earpiece. Speaker, and Rmger Volume 


• 
Transient Suppression C"cultry to Prevent Acoustic "Pops" 


• 
Receive Low-Pass Filter for 8 kHz Attenuation 


• 
Sixteen Possible Audio Configurations 


• 
Power-Down Mode with Data Retention 


• 
20 dB Mouthpiece Input Gam 


• 
Receive to Transmit Loopback Test Mode 


• 
ProvIsion 
for AuxIliary 
Input 
and 
Output 


• 
Externally Adjustable AUXiliary Input Gain 


• 
PCM MonO-CIrCUitCompatible Power Supply Range 


• 
Digital Output for Speaker Amplifier Control 


• 
Versatile Logic Input Levels 


• 
18-Pm Package 


e 
~lfi~nlH 
1111 


1111 


1 


P SUFFIX 


PtASTIC 
PACKAGE 


CASE 707 


L SUFFIX 


CERAMIC 
PACKAGE 


CASE 71f, 


Vaa~ 
Pin 18 
VAG= 
Pin 1 
VaG= 
Pin 2 
Vss=P,n9 


Transmit 


SIgnal 


Selector 


4 
aCE 
ac 5 
a6 


Rating 
Symbol 
Value 
Unit 


DC Supply 
Voltage 
VDD- 
VSS 
-05to13 
V 


Voltage. 
Any Pin to VSS 
V 
-05 
to VDD+O 
5 
V 


DC Current Drain per Pin 
I 
10 
mA 


IExcludlng 
VDD. 
VSSI 


Operating Temperrtture Aange 
TA 
- 40 to + 85 
'C 


Storage Temperature 
Aange 
Tstg 
-85 
to + 150 
'C 


Parameter 
Symbol 
Min 
Typ 
Max 
Unit 


DC Supply 
Voltage 
VDD- 
VSS 
6 
10 to 12 
13 
V 


DC Supply 
Voltage 
VDD-VDG 
3 
5to 7 
75 
V 


NomInally 
IVDD- 
VSSJ/2 


Power DISSipation 
PD 
mW 


VDD-VSS= 
10 V 
- 
25 
50 


VDD- 
VSS = 12 V 
- 
30 
60 


Power Down DISSipation 
PD 
mW 


VDD-VSS=12V 
- 
3 
5 


Full Scale Input Levels 
Vpk 


VDD-VSS= 
lOV 
Axl. AxF 
- 
- 
315 
Mpl 
- 
- 
0315 


VDD-VSS= 
12V 
Axt, AxF 
- 
- 
38 


Mpl 
- 
- 
038 


Sampling Clock Input Frequency 
- 
128 
- 
kHz 


PIN ASSIGNMENTS 


VAG 
VDD 


VDG 
17 
TxO 


SAE 
16 
Mpt 


15 
EpO 


DC 
14 
SO 


D 
13 
AxO 


12 
AxF 


11 
- Ax 


VSS 
10 
Rxl 


II 


TRANSMISSION 
CHARACTERISTICS 


IVDD 
to VSS = 10 to 12 V ± 5%. 
TA = 0 to 70'C. 
0 d8mO= 
6 d8m 
ref 600 O. + 3 17 d8mO= 
3 15 Vp. 
SCI = 128 kHzI 


Characteristic 
Min 
Max 
Unit 


Gain 
d8 


840 Hz @ 0 d8mO. Max Gain Selling 
Axl to EpO 
-03 
03 
Rxl to SO 
-03 
03 


Axl to AxO 
03 
03 


Ax! to TxO 
-03 
03 
AxF to TxO 
-03 
03 
840 Hz @ - 20 d8mO 
Mpl to TxO 
195 
205 
Mpl to EpO 
25 
35 


Gain vs Volume 
d8 


Aelatlve to Volume Setting, wIth 840 Hz @ 0 d8mO Input 


1-3to 
-21 
d81 
Rxl to EpO 
-05 
05 
1- 5 to - 35 d81 
Axl to SO or AxO 
-05 
05 


Idle NOIse 
o to 15 kHz. AxF = - Ax. Rxl = Mpt = 6000 
to VAG 
hO. 
EpO. SO. or AxO 
- 
-750 
d8mO 


CMessage 
- 
90 
d8rnCO 


In-Band SPUflOUSOutputs 
d8mO 


840 Hz @ 0 dBmO, 03 
to 34kHz. 
2nd and 3rd HarmoniC 
- 
-430 


Out-Band 
SPUriOUSOutputs 
d8mO 


840 Hz @ 0 d8mO. 0 to 20 kHz 
- 
- 40 0 


Gain vs Frequency 
d8 


RelatIve to 840 Hz @ 0 d8mO 


(03 
to 30kHz. 
All GaIn Paths) 
- 025 
025 


134kHz. 
Rx Path! 
-10 
025 


180kHz. 
Rx Path! 
- 
- 26 0 


Crosstalk 
d8mO 


840 Hz @ 0 dBmO 
Ax to Tx and Tx to Ax 
- 
-650 


Isolation from Any Input to Any Deselected Output 
dBmO 


Input = 840 Hz @ 0 dBmO 
- 
- 75 0 
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Characteristic 
Min 
Typ 
Max 
Unit 


Input Leakage Current 
SCI. D. DC. DCE. Axl. 
- Ax 
- 
±1O 
±3O 
nA 


VAG. 
Mpl 
- 
±50 
±60 
"A 


AC Input Impedance 
Axl 
100 
200 
- 
kll 


Mpl to VAG 
8 
10 
- 


PDI Internal Input Pull Down Resistor Impedance to VSS 
50 
100 
200 
kll 


Output Voltage Range 
TxO. EpO. SO. A,O 
V 


VDD-VSS=lOV. 
AL=600toVAG 
-32 
- 
32 


VDD-VSS=12V. 
AL=900toVAG 
-38 
- 
38 


Output Current 
TxO. EpO. SO. AxO 
mA 


Source 
-55 
- 
- 


Sink 
55 
- 
- 


Power Supply Rejection Ratio 
TxO. EpO. SO. A,O 
20 
30 
d8 


VAC = 100 mVrms. 
0 to 20 kHz. VDD. 
VSS 


Characteristic 
Symbol 
Min 
Ma, 
Unit 


Logrc Input 
Voltage 
IVDG = 0 VI 
SCI. D. DC. DCE. PDI 
V 


VSS to VDD 
Mode 
VIL 
- 
-35 


VIH 
20 
- 


VDG to VDD 
Mode 
VIL 
- 
08 


VIH 
20 
- 


VSS 
to VDG Mode 
VIL 
- 
-35 


VIH 
- I 5 
- 


LogIC Output 
Voltage (VOG - a V, 1101 < I "AI 
SAE 
VOL 
495 
V 


VOH 
495 
- 


Output Current (Vo - - 4 5 VI 
SAE 
10L 
09 
- 
mA 
1VO=45VI 
10H 
-03 
- 


Characteristic 
Symbol 
Min 
Ma, 
Unit 


MaXimum Frequency 
DC lData Clockl 
fmax 
to 
MHz 


Minimum Pulse WIdth 
DC 
twl 
05 
"s 


MInimum Pulse Width Low (Sel = 128 kHz) 
DCE 
tw2 
33 
- 


PropagatIOn Delay Isel = 128 kHzl 
DCE to SAE 
tp 
30 
60 
"s 


Setup Times 
DCE to DC 
tsul 
05 
"s 


D to DC 
tsu2 
05 


Hold Times 
D toDC 
thl 
05 
- 
"5 


DCE to DC 
th2 
05 


DC 


thl 


D 


tp 
, 


J 


SAE 


i 


VDD,POSITIVE POWER SUPPLY (PIN 181 
Typically 


+ 3 to + 6.5 volts with VAG = 0 volts. 


VSS, NEGATIVE POWER SUPPLY (PIN 9) 
TYPically 


- 3 to - 6.5 with VAG = 0 volts. 


VAG, ANALOG GROUND (PIN 1) - 
TYPically0 volts sup- 


plied by a mono-CIrcUit In digital telset applications. 
All 


analog Signals are referenced to thiS pin. 


VDG, DIGITAL GROUND (PIN 2) - 
TYPicallycommon to 
logic ground. All Internal digital logic operates between VDG 
and VDD. VDG preferably equals (VDD - VSSI/2 


SAE, SPEAKER AMPLIFIER ENABLE (PIN 31 - 
The SAE 
output 
will 
be at VDD 
whenever 
the external speaker 
amplifier ISreqUired, otherwise SAE ISat VSS 


DCE, DATA CLOCK ENABLE (PIN 4) - 
ThiSdigital Input 
enables the serial data entry CIrCUitryand also latches the 
serial data Into the appropriate data register 


DC, DATA CLOCK (PIN 5) - 
ThiSdigital Input allows data 
on the D pin to be shifted Into the serial Input data register on 
rising edges of DC whenever DCE ISactive 


0, DATA (PIN 6) - 
Digital data, reqUired to set the con- 


figuration or gain of the audio Interface, ISapplied to the 0 
pin and Will be shifted Into the serial Input register by DC 
whenever 
DeE 
IS active 


SCI, SAMPLING CLOCK INPUT (PIN 7) - 
The clock ap- 


plied to thiS digital Input ISused to sample the audiOSignals 
ThiS frequency ISnominally 128kHz and IStYPicallyprOVided 
by the slave Universal Digital loop 
Transceiver such as the 
MC145426 In digital telset applications 
ThiS clock must be 


applied dUring data transfers 


POI, POWER-DOWN INPUT (PIN 8) - 
ThiS pin allows all 


analog 
circuitry 
on the deVice 
to be powered 
down 
while 
re- 


taining all digital data 
An Internal pull-down resistor con- 


nected to VSS Will Insure the powered-down state dUring 
system power up. 


Rxl, RECEIVEINPUT (PIN 10) - 
ThiS pin ISthe Input to 


the 
receIve 
low-pass 
filter 
and 
volume 
controls, 
and 
1$ 


tYPically driven from RxO of a monO-CIrCUitIn digital telset 
applications 


-Ax, 
INVERTING AUXILIARY 
INPUT (PIN 11), AxF, 


AUXILIARY FEEDBACK (PIN 12) - 
These two PinSare the 


inverting 
Input 
and 
output. 
respectively. 
of the aUXIliary 
in- 


put operational amplifier and are used to set the gain of the 
aUXiliary Input. 
The nonmvertlng 
mput 
of the Ax amp 1$inter- 


nally connected to VAG 


AxO, AUXILIARY OUTPUT (PIN 131- 
ThiSoutput dllves 


the Input to an external aUXiliaryCIrCUitand will be at VAG 
when disabled. 


SO, SPEAKER OUTPUT (PIN 14) - 
ThiSoutput dllves an 
external speaker amplifier. and when disabled will be at 
VAG 


EpO, EARPIECEOUTPUT (PIN 15) - 
ThiS output dllves 


the 
handset 
earpiece 
which 
may 
require 
a series 
resistor 
to 
set the correct Signallevel. ThiSoutput will be at VAG when 
disabled 


Mpl, MOUTHPIECE INPUT (PIN 16) - 
The mouthpiece 


microphone 
CirCUIt 
IS connected 
to 
thiS 
pm. 


TxO, TRANSMIT OUTPUT (PIN 17) - 
ThiS IS the audiO 
output pin of the deViceand IStypically used to dllve the Txl 


pm of a monO-Circuit 
10 digItal 
telsel 
applications. 


The telset audiO Interface IC consists of two mafor sec- 


tions 
an analog subsystem and a digital subsystem. The 


digital 
subsystem 
prOVides 
an mterface 
to a microcomputer 


and generates the necessarycontrol Signalsto configure the 
analog subsystem as deSired. 


ANALOG SUBSYSTEM 


The analog subsystem provides the low-pass filtering, 
audiO-Signalroullng, gain adjustment, and signal summing 
reqUired for a digital or analog telset application. This sub- 


system 
consists 
of a receive 
and 
a transmit 
signal 
path. 


RECEIVESIGNAL PATH 


The receive audiOSignal, tYPicallyfrom the RxO output of 


a PCM 
monO-CirCUIt 
or a speech 
network, 
is Input 
to the 


audiO Interface 
VIa the Axl pm. Once 
buffered 
Into the device 
and passed through the low-pass filter, the audiOsignal has 
four pOSSibledestinations 
earpiece output. speaker output. 


aUXiliaryoutput, or loopback to the TxO output. 


The audiO path to the earpiece output consists of an ear- 


piece volume control and summing output amplifier. The 


volume 
control 
IS an 
eight-step 
attenuatIon 
circuit 
with 


- 3 d8 steps and unity gain at the maximum setting. The 
steps are selected by a 3-blt binary code with OSand 78, the 


minimum 
and maXimum 
settings, 
respectively. 
The output 
of 


the earpiece volume control IS summed (Q dB gaon)with a 
sldetone 1- 17dB galnl from the mouthpiece input. The ear- 


piece 
output 
IS capable 
of 
driving 
an 
earpiece 
transducer 


which tYPically requires 200 mVp-p Into 150ohms. The gain 
to the earpiece to attain the proper sound pressure level may 
be adjusted With a resistor In serieswith the earpiece. When 
the audiOInterface is configured such that the earpiece is not 
selected, the earpiece volume control and the summing out- 


put amplifier 
are powered 
down. 


The audio path to the speakeroutput consists of a volume 


control 
and an output 
driver 
The volume 
control 
is an etght- 
step attenua'tlon CIrCUitWith - 5 dB steps and unity gain at 
the maximum setling. 
The steps are selected by a 3-blt 
binary code With Os and 78. the mlnrrnum and maximum set- 
lings. respectively. The binary code may be from either of 


two 
volume 
registers 
the speaker 
volume 
register, 
selected 


when 
the 
speaker 
IS used 
for 
vOice. 
or the 
ringer 
volume 
register, selected when the speaker is used for IInging. The 
register used ISdetermined by the current configuratIon of 
the audiO onterface. The output of the volume control is fed 


Into 
a unity 
gain 
output 
buffer 
which 
IS intended 
to drive 
a 


speaker power amplifier 
The speaker/linger volume control 
and output buffer power down when not selected. 


The aUXiliaryoutput is Similar to the speaker output and is 
powered down when not needed ThiSoutput can be used to 


drive 
a conference 
phone 
CirCUit or the 
receive 
portion 
of a 
modem. 


The three analog outputs, EpO, SO, and AxO, have a tran- 


sIent 
suppressIOn 
CIrCUit which 
eliminates 
the 
pOSSibility 
of 


acoustic 
"pops" 
durmg 
confIguratIon 
or volume 
changes. 


ThiS same CIrCUitkeeps the output at VAG when It IS not 
selected 
When enabled, the output Signal slews directly 
from VAG to the audiO signal. 


The other 
pOSSible destination 
for the 
receIve 
audiO IS the 
TxO audiO output. This ISan audio loopback configuration 
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which allows a system to test the operation of the audio path 
In the telset In the loopback configuration, the output of the 


ringer/speaker 
volume 
control 
is switched 
into the TxO 
out- 


put amplifier rnput 


TRANSMIT 
SIGNAL PATH 
The transmit portion of the analog subsystem consists of a 


unity gain output driver which has three possible Inputs The 


Input 
selection 
depends 
upon 
the 
current 
configuration 
of 
the audio rnterface One of these rnputs ISused In the loop- 


back 
configuration 
discussed 
above. 
The 
auxiliary 
inputs, 
AxF 
and 
- Ax, 
allow 
gain adjustment 
from 
an auxiliary 
cir- 


CUit, and the thrrd rnput, Mpl, 
IS from the mouthpiece 


microphone and is amplified 20 dB by the input amplifier 


Two 
configurations 
allow 
use 
of 
the 
auxiliary 
inputs 
as a 


mouthpiece 
input without 
sidetone, 
which 
is useful in analog 


telset applications . 


DIGITAL SUBSYSTEM 


The 
dIgital 
subsystem 
provides 
a three-wire 
serial 
Input 


which 
allows 
a microcomputer 
to 
program 
the 
audio 
con- 


figuration 
of the audio 
interface. 


Data IS clocked Into the audio rnterface usrng the DCE, 
DC, and D pins. DCE gorng high enables the data input CIr- 
cUitry While DCE IS high, data appealing on the D pin IS 
clocked into the serial input data register on IIsing edges of 
DC. The fallrng edge of DCE latches the sellal data into the 


appropriate 
register 


The 
serial data 
mput 
format 
conSists of five bits as shown 
In Figure 2 
Configuration/Volume 
bit IC/VI, loaded last, indicates the 


type of data contained in the data field DO-D3.When C/V is 
a "1", 
the data rndi~tes 
the deVice configuration 
to be 


established. When C/V is a "0", the data Indicates a volume 
level. The volume control which receives the data depends 


upon 
the current 
configuration 
of the audio 
interface 


L 


When civ IS"1", DO-D3are loaded Into the configuration 


register. 
The 
four 
configuration 
register 
bits then 
address 
a 


ROM which has outputs to control the analog subsystem 


elements, 
enable 
the appropriate 
volume 
register, 
select 
the 


appropriate 
volume 
register 
for 
the 
speaker/ringer 
volume 


control, and provide the SAE output 
When c/v IS"0", 
the data bits D1-D3 are loaded IOta the 


volume register which has been selected by the ROM. For 


volume changes, only Dl-C/V 
need be transferred. How- 
ever, if five bits are loaded into the sellal rnput data register 
and C/V is low, DOwill be ignored. 


If SIXor more data bits are clocked In while DCE IShigh, 


the last five bits clocked will be accepted when DCE goes 
low. 
The digital Input SCI ISused by the analog subsystem as a 
sampling clock for signal processrng and by the data Input 


circuitry 
as a sequencing 
clock 
during 
data 
transfers 
The PDI input, when low, powers down the analog sub- 


system; 
however, 
all data is retained 
In the data 
registers 
and 
data may stili be loaded Into the serial Input data register as 
usual as long as SCI IS present 
An Internal pull-down 


resistor to VSS IS connected to PDI to Insure the power- 
down state upon application to VDD and VSS 


The five digital inputs are DCE, DC, D, SCI and PDt. Aiter 


one logic transition 
change, 
the Input 
logic determines 
which 


of the three possible input voltage swrngs is used, and 
responds accordingly to future Input levels. 


There are two input logiC CIrcuits per Input pin. The flfst 
operates from VDG to VDD with TTl levels referenced from 
VDG The second cirCUit uses VDG as the positive supply 
and VSS as the negative, sensing CMOS Input levels from 
VSS to VDG. The internal logic looks at the output of these 


two 
cirCUits and determines 
the Input 
logic 
levels used. 
ThiS 


permits logic level sWings of VSS to VDG, VDG to VDD, or 
VSS to VDD 


The audio Interface configuration set proVidesa total of 16 


possible 
configurations. 
A description 
of each 
of the modes 


follows 


LOOPBACK 


ThiS 
IS a system 
test 
mode 
which 
loops 
received 
audiO 


through the ringer/system volume control and out the TxO 
output amp 
The 
ring 
volume 
register 
controls 
the 
ringer! 
speaker 


volume 
control 
and 
new 
volume 
data 
enters 
the 
same 


register 


STANDBY 


ThiS mode accomplishes the same result as the PDI prn 


except for powering down 
the TxO amplifier. 
All other 
amplifiers 
are powered 
down 
and 
all transmission 
gates 
are 


turned off. Volume data IS latched Into the ling volume 


register. 


STANDARD 
A 


The standard A mode resembles that of the ordinary 


telephone. Rxl audio ISpassed through the earpiece volume 


control 
and 
summed 
with 
a sldetone 
from 
the 
mouthpiece 


before 
being 
presented 
to the earpiece. 
T x audio 
originates 


at the mouthpiece Input, receives 20 dB of garn, and ISthen 
passed to the TxO output. New volume data is stored In the 
earpiece 
volume 
register 
Transmit 
mute 
in 
this 
mode 


disable the path from the mouthpiece amplifier to the TxO 
amplifier 


RING 


This 
is a receive 
only 
mode 
In which 
the 
receive 
audio 
IS 


passed through the ringer/speaker volume control and out- 
put Viathe SO output. The ring volume register ISselected to 
properly attenuate the ringing signal In the ringer/speaker 


volume 
control 
and any new 
volume 
data 
IS written 
mto 
the 


same 
register. 
Transmit 
mute 
has no effect 
in thiS mode 
and 
SAE goes high. 


ON HOOK DIALING 
ThiSmode will allow a user to dial Without taking the hand- 


set off hook. Audible feedback from the speaker could In- 
dicate dial tone, key depressions, etc. Receiveaudio passes 
through the ringer/speaker volume control and out the SO 
output. The transmit signal will originate at the auxiliary in- 
put which could be used for a DTMF dialer Input. The 
speakervolume register ISapplied to the volume control and 
new volume data ISlatched into the same register Mute will 
disable the transmit path from the auxiliary input. SAE will 
be high In this mode, enabling the speaker amplifier 


RECEIVER MONITOR A 
This mode is similar to the standard A mode except the 
receive audio ISalso applied to the spe~ker output. Receive 
audio passesthrough both volume controls and out the EpO 
and SO pins. The speaker volume register controls the 


ringer/speaker 
volume 
control 
and 
new 
volume 
data 
1$ writ- 


ten into the speaker 
volume 
register. 
Transmit 
audio 
IS taken 


from the mouthpiece input and output via the TxO amplifier. 
Transmit mute disables and mouthpiece amp to TxO amp 
path. SAE is high, enabling the speaker amplifier. 


AUXILIARY 


A suggested application for thiS mode would be for an op- 


tlonal 
conference 
phone 
CirCUit to be connected 
to the aux- 


Iliary Input and output PinS BaSically,a conference phone IS 
a vOiceactivated half-duplex controller which allows hands 
free 
conversation 
Without 
audio 
feedback 
problems. 


Another useful application would be to connect a modem to 
the auxll1ary 
Input 
and 
output, 
thus 
eliminating 
the 
require-- 


ment 
for several 
components 
In thiS mode 
the receive 
audio 


ISpassedthrough the ringer/speaker volume control and out 
the AxO pin The SAE pin goes high, enabling the speaker 


amplifier. 
The 
transmit 
audio 
enters 
the audio 
Interface 
Via 


the aUXiliaryInput amplifier and ISconnected directly to the 
TxO output amp. The speaker volume register controls the 
volume control and new volume data enters the same 
register. Transmit mute disables AxF from the Input to the 
TxO output amp, disables AxO and enables the SO output 


This mode ISIdentical to the Standard A mode With one 


exception: 
the TxO signal 
originates 
at the aUXiliary 
input 
in- 


stead of Mpl. ThiSallows use of the Telset Audio Interface In 
applicatiOns that generate sldetone In a speech network. 
Mute disables the transmit path from the aUXiliaryinput. 


RECEIVE MONITOR B 


ThiSmode is identical to the ReceiveMonitor A mode With 
the same exception as the Standard B mode described 


above 


The data patterns required to program the audiOInterface 


mode 
or set the 
volume 
levels 
are summarized 
In Figures 
3 


and 4. 


II 


II 


Volume 


Register 
SAE 
Mode 
civ 
03 
02 
01 
00 
Selected 
State 


Loopback 
1 
0 
0 
0 
0 
Ring 
0 


Standby 
1 
0 
0 
0 
1 
Ring 
0 


Standard 
A 
1 
0 
0 
1 
0 
Earpiece 
0 


Standard A/Mule 
1 
0 
0 
1 
1 
Earpiece 
0 


Ring 
1 
0 
1 
0 
0 
Ring 
1 


Ring/Mute 
1 
0 
1 
0 
1 
Ring 
1 


On-Hook 
Dialing 
1 
0 
1 
1 
0 
Speaker 
1 


On-Hook 
Dialing/Mute 
1 
0 
1 
1 
1 
Speaker 
1 


Receive MOnitor A 
1 
1 
0 
0 
0 
Speaker 
1 


Receiver Monitor AI Mute 
1 
1 
0 
0 
1 
Speaker 
1 


Auxlhary 
1 
1 
0 
1 
0 
Speaker 
1 


AuxIliary/Mute 
1 
1 
0 
1 
1 
Speaker 
1 


Standard B 
1 
1 
1 
0 
0 
Earpiece 
0 


Standard 
B/Mute 
1 
1 
1 
0 
1 
Earpiece 
0 


Receive Monitor 8 
1 
1 
1 
1 
0 
Speaker 
1 


Receive Monitor B/Mute 
1 
1 
1 
1 
1 
Speaker 
1 


Attenuation 
(dB) 


Speakerl 


Earpiece 
Ringer 
C/V 
03 
02 
01 
00 


0 
0 
0 
1 
1 
1 
X 


3 
5 
0 
1 
1 
0 
X 


6 
10 
0 
1 
0 
1 
X 
9 
15 
0 
1 
0 
0 
X 


12 
20 
0 
0 
1 
1 
X 


15 
25 
0 
0 
1 
0 
X 


18 
30 
0 
0 
0 
1 
X 


21 
35 
0 
0 
0 
0 
X 


2048 
MHz - Parallel Resonant 


o 


2 


MC14011UB 


20PFT 
T20PF 


VSS 
VSS 


VOO 


MC145429 


1 VAG 


VOG 


SAE 


II 


Telset 
Audio 


Interface 


Data Out 
9600 Baud 


Data 
In 


BK 


Bit 
Channel 


I 


® MOTOROLA 


This device contains a bypassable 6 pole 2600 Hz notch filter, a 2600 Hz 


band-pass filter and a 2600 Hz slnewave generator for SF signalling/detec- 


tion applications. 
• 
± 5 V to ± 8 V Single or Spirt Supply Operation 


• 
Low Power Consumptron, 00 mW @ 10 V 
200 mW @ 15 V 


• 
On-Board Crystal Oscillator or External Clocks 


• 
Notch Filter Gain Adjustable 


• 
Uncommitted Op Amp Capable of Dllvrng 600n 
Loads 


• 
TTL or CMOS Compatible Inputs 


• 
18-Pm Package 


2000 Hz 


6 Pole Notch 


Filter 


Cl 
Clock 


CIrculI 


C2 


2000 Hz 
2000 Hz 
CO 
Sine 
2 Pole 
Generator 
Band 
Pass 


VLS 


13 
14 


TO 
BPO 


CS 


CMOS 


(LOW·PoWER 
COMPLEMENTARY 
MaS) 


2600 Hz TONE 
SIGNALLING 
FilTER 


~ 
nil - 
1. 


1 


L SUFFIX 


CERAMIC 
PACKAGE 
CASE 726 


P SUFFIX 


PLASTIC 
PACKAGE 


CASE 707 


~ 


17B+ 


+ 
16 
BO 


15 
B- 


NO 


VDD~ 
Pm 1B 


VAG~Pln 
1 
Vss=P,n9 


II 


PIN ASSIGNMENT 


VAG 
VOO 


AD 
B+ 


A- 
16 
BO 


V,n 
4 
15 
B- 


NO 
14 
BPO 


CS 
13 
TO 


Cl 
12 
NE 


C2 
11 
CO 


VSS 
10 
VLS 


Rating 
Symbol 
Value 
Unit 


DC Supply 
Voltage 
VOO 
- 05 
'0 18 
V 


Input Voltage. All Pins 
V,n 
-05'0 
VOO+O 
5 
V 


DC CUfrent 
Drain Per Pin 
I 
10 
mA 


(Not VOO or VSSI 


Operallng 
Temperature 
Range 
TA 
- 40 to 85 
·C 


Storage 
Temperature 
Range 
T5,g 
-65to 
'50 
·C 


Characteristic 
Symbol 
Min 
Typ 
Ma. 
Unit 


Operating 
Current (CMOS 
Model 
@ 2 048 MHz 
'00 
80 
10 
mA 


(TTL 
Model 
@ 2.048 MHz 
- 
12 
15 


Inpul Capacitance 
C,n 
- 
50 
75 
pF 


VLS 
ITTL 
Model 
- 
VSS 
- 
VOO- 
4 
V 


VLS 
ICMOS 
Model 
V,H 
VOO- 
05 
- 
VOO 
V 


Clock 
Select 
(CSI. 
VAG ~ 1VOO - VSS"2 
State 
1 
VIH 
VOO-05 
- 
VOO 
V 
State 
2 
VIM 
VAG -0 
5 
- 
VAG +0 5 
State 
3 
V'L 
VSS 
- 
VSS + 05 


Input 
Current 
(Cl, 
C2, CS, NEI 
.. ,.. Level 
'IH 
- 
- 
,03 
.A 
"0" Level 
IlL 
- 
- 
,03 


Input VOltage le1, C2, CS. NEI 
'T'Level 
V,H 
VLS' 
2 0 
- 
- 
V 
"0" Level 
VIL 
- 
- 
VLS·08 


Ou'pu' 
VOltage ICOIIO 
= 8 mA 
"'" 
Level 
VOH 
24 
- 
V 


10~2 
5mA 
"0" Level 
VOL 
- 
- 
08 


Input 
Current 
((1, 
C2. CS. NEI 
.., . Level 
IIH 
- 
- 
:t03 
.A 
"0" 
Level 
IlL 
- 
- 
+03 


Input VOltage ((1, C2. CS. NEI 
"'" 
Level 
V,H 
75 
56 
V 


"0" Level 
VIL 
- 
44 
30 


OutPUI Current 
lCOl 
VOH~95V 
. 
'OH 
-'3 
- 2 25 
mA 
VOL=05V 
'OL 
" 
225 
- 


Characteristic 
Symbol 
Min 
Typ 
Max 
Unit 


DC Input Current IV AGI 
II 
- 
- 
±5O 
pA 


DC Input Current (V1n) 
II 
- 
- 
±10 
pA 


AC Input Impedance 
(1 
kHz) tVln) 
Z,n 
02 
01 
- 
MG 


Input Voltage 
Range (Vm) 
V,n 
VSS + 1 5 
- 
VDD-15 
V 


Output Drive Current 
VOH=VDD-l.2V 
10H 
-0.4 
- 
- 
mA 


ITO. BPO. NOI 
VOL~VSS+12V 
10L 
+09 
- 
- 


Characteristic 
Symbol 
Min 
Typ 
Max 
Unit 


Input Offset Voltage 
IAO. 
BOI 
VIO 
-50 
+50 
MV 


Open Loop Gaon IAO. 
BOI 
ZL ~ 600 G + 200 pF to VAG 
AOL 
- 
45 
dB 


Input 81as Current (V1n. A- 
.8-. 
B+ I 
liB 
- 
±O 1 
- 
pA 


Output Voltage 
Range (AO, BOI 


I 


Vo 
V 
IRL=20 
kG to VAGI 
10 
- 
90 


IRL ~9OO G to VAGI 
1.1 
- 
89 
IRL =600 G to VAGI 
I.B 
- 
82 


Output 
Current lAD. 
BOI 
VOH=VDD-12V 
10H 
-5 
- 
- 
mA 


VOL~VSS+ 
12 V 
10L 
+5 
- 
- 


Output 
No,se IAO. 
BOI. 900 G 
PN 
- 
3 
- 
dBrnc 


Slew Rate lAO, 
BOI 
SR 
- 
2 
- 
Vips 


Characteristics 
Min 
Max 
Unit 


Input Overload Voltage 
- 
70 
Vpp 


Ga,n 1+2 dBm ,nto 900 G @ 1 kHzl 
-0.5 
+05 
dB 


Idle NOise. Vm = VAG. 9C() 0 
- 
25 
dBrnC 


Pass-Band Gam, Ref 
1 kHz 
Note Figure 1 
dB 


300 Hz to 2 kHz 
-025 
+025 
2 kHz to 2.2 kHz 
-05 
+05 
22 
kHz to 24kHz 
-50 
+05 
28 
kHz to 3 kHz 
-50 
+05 
3 kHz to 3.38 kHz 
-0.5 
+05 
338 
kHz to 4 kHz 
-05 
+05 


ReJection. Ref 
1 kHz 
dB 
2.58 kHz to 2.59 kHz 
-45 
- 


2.59 kHz to 2.61 kHz 
- 55 
- 


261 
kHz to 2.62 kHz 
-45 
- 


Output Offset 
-500 
+500 
mV 


II 


Characteristics 
Min 
Max 
Unit 


GaIn. 
400 
Hz 
to 
4 k.Hz 
-0.1 
+01 
dB 


NOise, 
Vln = VAG, 
9000 
- 
23 
dBmC 


Output 
Offset 
-50 
+50 
mV 


Characteristics 
Min 
Max 
Unit 


Center 
Frequency, 
fo 
2590 
2610 
Hz 


0 
20 
23 
- 


Gaon 1+2 
dBm ,n,o 900 0 @ 2.6 kHzl 
-0.5 
+0.5 
dB 


Idle 
NOise, 
V1n = VAG, 
900 
[) 
- 
45 
dBmC 


Output 
Offset 
-500 
+500 
mV 


Characteristics 
Min 
Max 
Unit 


Center 
Frequency 
2598 
2602 
Hz 


Output 
Level 
040 
0725 
Vp-p 


Output 
Offset 
-300 
+300 
mV 


FIGURE 1 - 
NOTCH 
RESPONSE 
PARAMETER 


+05 
/. 
0- 


+025 


-025 


-05 


-1.0 


~ 


:2 
" 
-50 
0 
> 
'"~ 
0; 
0:: 


iii 
E 
z 
<i 
<:J 
C"S 
0 
> 


-45 


- 55 


300 
24 
259 
2.62 
22 
2.58 
261 
2.8 


FREOUENCY 
IkHzl 


VDD, POSITIVE POWER SUPPLY (PIN 18) 
Most positive supply 


VSS, NEGATIVE POWER SUPPLY (PIN 9) 
Most negative supply. 


VAG, ANALOG GROUND (PIN 11 


This pin IS a high Impedance Input which 
serves as 
analog ground 
reference. This pin IS nominally held at 
IVDD-VSSI/2 


AO, OP-AMP OUT (PIN 2) 


A-, 
OP-AMP IN (PIN 31 


These pins are for the output buffer amp which IScapable 


of driving 600o loads. A - 
ISthe inverting Input of thiS amp 
while AO ISItSoutput. ThiSamp buffers either the output of 
the notch filter or the Input Signal at Vin depending on the 
state of the NE pin 


Vin, INPUT (PIN 41 


ThiS Pin IS the Input to the notch filter, band-pass filter, 
and notch by-pass switch. 


NO, NOTCH OUTPUT (PIN 5) 
ThiS pin IS the output of the notch filter and can drive 
20 kO loads. 


NE, NOTCH ENABLE (PIN 121 


When high (see VLS plnl the notch filter output ISapplied 
to the line buffer output amp. When held low (seeVLS plnl 
the Input at Vin ISapplied to thiS op amp. 


TO, TONE OUTPUT (PfN 13) 


A 2600 
Hz 
Sine 
wave 
IS output 
at 
thIS 
pm. 
ThiS 
pin can 
drive a 20 kO 19ad. 


BPO, BAND-PASS OUT (PIN 141 
ThiS pin ISthe output of the 2600 Hz band-pass flltar and 
can drive a 20 kOload. 


B +, OP-AMP NONINVERTING INPUT (PIN 17) 


ThiS pin IS the nOnlnvertlng 
Input 
to the uncommitted 
op- 


amp 
prOVided 
on the CirCUIt. 


B - 
, OP-AMP INVERTING INPUT (PIN 151 


ThiS pin IS the Inverting 
Input 
of the uncommitted 
ap-amp 


provided 
on the 
CircUit. 


BO, OP-AMP OUTPUT (PIN 16) 


ThiS pin ISthe Inverting Input of the uncommitted op-amp 


provided 
on the 
CirCUIt. 


CS, CLOCK SELECT (PIN 61 
Cl, C2, CLOCK INPUTS (PINS 7 AND 8) 


When 
held at 
VaG, 
CS selects the 
Internal crystal 
OSCillatorclock mode. A 3.579545 MHz crystal ISconnected 
between pinS Cl and C2. A 10 MO resistor should be tied 
across Cl and C2 along with 20 pF capacitors to VSS to 
Insure stable oscillator operation. 
When tied to VSS, a 
2.048 MHz external clock should be applied to C2. When tied 
to VAG, a 1.536MHz external clock should be applied to C2. 
In both external clock modes, Cl should be tied to VSS. 


VLS, LOGIC SHIFT VOLTAGE (PIN 10) 


ThiS Pin determines CMOS or TTL level compatibility for 
Cl, C2, NE and CO. If tied to VaG, CMOS deVice levels are 
expected; If tied to a voltage less than VOO - 4 V, TTL levels 
are expected with VLS equal to logiC ground 


CO, CLOCK OUTPUT (PIN 111 


A 128kHz square wave ISavailable at thiS pin. ThiS ISthe 
sample clock of both the notch and band pass filters 


Clock 
I 


Tone 
Select 
(CSI 
Source 
Frequency 
CO 
Out ITOI 


VOO 
Crystal 
3579 
MHz 
127.8 kHz 
2601 Hz 
IC1, C21 


VAG 
External 
1.536 MHz 
26034 
Hz 
ICI = VSSI 
128 kHz 


VSS 
External 
ICI = VSSI 
2048 
MHz 
128 kHz 
2599 Hz 


II 


MC145432 


FIGURE 3 - 
TEST CIRCUIT 
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VOO 
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VSS 
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50 
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® MOTOROLA 


• 
± 5 to ± 8 V Supply Operation 


• 
Low Power Consumption, 
150 mW Typical 


• 
Tuneable Notch and Band~pass Filters 


• 
On~board Crystal Oscillator or External Clocks 


• 
Clock Output Pin 


• 
An Uncommitted Op~AmpIs Provided, Capableof Dnvlng 600II 
Loads 


• 
Notch Filter Output Gain Adjustable 


• 
TTL or CMOS Compatible Inputs 


• 
16~Pln Package 


Clock 


Select 
Band-pass 11 
In 


TUNEABLE 
NOTCH/ 


BAND-PASS 
FILTER 


~'~I, ' 


16 
1 


L SUFFIX 


CERAMIC 
PACKAGE 


CASE 
620 


3 A- 


~ 


::B+ 


BO 


13 B- 


12 


Band-pass Out 
VDD~ Pin 16 
VSs=Prn8 
VAG~ 
Pin 1 


II 


II 


PIN ASSIGNMENT 


VAG 
VDD 


AD 
B+ 


A- 
Ba 


NI 
B- 


CS 
BPO 


C1 
11 
BPI 


C2 
10 
Co 


VSS 
B 
VLS 


Rating 
Symbol 
Value 
Unit 


DC Supply 
Voltage 
VDD 
- 0510 
lB 
V 


Input Voltage. All Pins 
V,n 
-0510 
VDD+O 
5 
V 


DC Current Drain Per Pin 
I 
10 
mA 
. 


INot 
VDD or VSSI 


Operating 
Temperature 
Range 
TA 
- 4010 B5 
'C 


Storage Temperature 
Range 
Tsig 
-6510 
150 
'C 


Characteristic 
Symbol 
Min 
Typ 
Max 
Unit 


Operating 
Current (CMOS 
Model @ 2048 
MHz 
IDD 
- 
10 
18 
mA 


ITTL 
Model 
@ 2048 
MHz 
- 
15 
22 


Input CapaCitance 
C,n 
- 
50 
75 
pF 


VLS 
ITTL 
Madej 
- 
VSS 
- 
VDD-4 
V 


VLS 
ICMOS 
Model 
VIH 
VDD- 
05 
- 
VDD 
V 


Clock 
SeleCIICSI. 
VAG~IVDD-VSsI/2 
Slate 
1 
VIH 
VDD- 
05 
- 
VDD 
V 
State 
2 
VIM 
VAG -05 
- 
VAG +05 


State 
3 
VIL 
VSS 
- 
VSS + 0 5 


InpUI 
Current 
lel, C2. C5) 
"1" Level 
IIH 
- 
- 
±03 
pA 


"0" 
Level 
IlL 
- 
- 
±03 


Input 
VoltagelCl, 
C2, C51 
" l"Level 
VIH 
VLS + 20 
- 
V 
"0" Level 
VIL 
- 
VLS + 0 8 


Output 
VOltage lCOI 10 = 8 mA 
"'" 
Level 
VOH 
24 
- 
- 
V 
10~2 
5mA 
"0" Level 
VOL 
- 
- 
08 


Input Current lCl. 
C2. CSI 
"1" Level 
IIH 
- 
- 
±03 
pA 


"0" Level 
ilL 
- 
- 
±03 


Inpul Voltage Ie1, C2. CSI 
"1" 
Level 
VIH 
75 
56 
- 
V 


"0" 
Level 
VIL 
- 
44 
30 


Output 
Current 
(Col 
VOH~95V. 
10H 
- 13 
- 225 
- 
mA 


VOL ~05V 
10L 
1 I 
225 
- 


Characteristic 
Symbol 
Min 
Typ 
Max 
Unit 


DC Input Current IV AG' 
II 
- 
- 
± 75 
~A 


DC Input Current (Nl and BPII 
II 
- 
- 
±1O 
~A 


AC Input Impedance 
11 kHzl tNI and BPI) 
Z,n 
02 
01 
- 
MU 


Input Voltage 
Range INI and BPll 
Vm 
VSS + 1 5 
- 
VOO-15 
V 


Output Drive Current 
VOH=VOO-12V 
10H 
-04 
- 
- 
mA 
IBPOt 
VOL=VSS+ 
12V 
tOL 
+09 
- 
- 


Characteristic 
Symbol 
Min 
Typ 
Max 
Unit 


Input Offset Voltage 
lBOl 
VIO 
-50 
- 
+50 
MV 


Open Loop Ga,n IBOI 
ZL = 600 U + 200 pF to VAG 
AOL 
- 
45 
- 
dB 


Input 81as Current lA - , B - , B+ I 
liB 
- 
±01 
- 
~A 


Output Voltage 
Range tBOl 
Vo 
V 
IRL = 20 kU to VAGI 
10 
- 
90 
IRL=9OOU 
to VAGI 
II 
- 
B9 
IRL=600U 
toVAGI 
1 B 
- 
B2 


Output Current lBOl 
VOH=VOO-I 
2 V 
10H 
-5 
- 
- 
mA 


VOL=VSS+12V 
10L 
+5 
- 
- 


Output 
NOise (BOl, 9(X) {} 
PN 
- 
-3 
- 
dBrnC 


Slew 
Rate IBOI 
SR 
- 
2 
- 
V/~s 


Characteristics 
Min 
Max 
Unit 


Input Overload VOltage 
- 
70 
Vpp 


Gain 1+2 
dBm mto 900 {} @ 
1 kHzl 
-1.0 
+ 1.0 
dB 


Idle No,se. 
NI = VAG. 
RL = 900 U 
- 
2B 
dBrnC 


Pass-Band Gam, Ref 
1 kHz 
INote Figure 11 
dB 


300 Hz to 22kHz 
-10 
+ 1.0 


22kHz 
10 24kHz 
-70 
+ 1.0 


2 B kHz to 3 kHz 
-70 
+10 


3 kHz t04 kHz 
-1.0 
+ 1.0 


ReJection. Ref 
1 kHz 
dB 


258kHz 
to 262 
kHz 
-45 
- 


Output Offset 
-750 
+750 
mV 


DynamiC Range (VFS/ldle 
NOise) 
-70 
- 
dB 


Characteristic· 
Symbol 
Min 
Typ 
Max 
Unit 


Full Scale Input Voltage 
(+ 3 dbmOI 
VFS 
7 
- 
- 
Vpp 


Gain 1+2 dBm 
Into 900 II @ 2.6 kHz 
Ar 
-1 
00 
+ 1 
dB 


Idle NOise. BPI ~ VAG.RL 
~ 900 II 
PN 
- 
- 
35 
dBrnC 


Dynamic 
Range IVFs/ldle 
NOise) 
DR 
63 
- 
- 
dB 
Total Harmonic Distortion (0 dbm Into 900 Ol 
THO 
- 
- 
1.0 
% 


Output offset 
-500 
- 
+500 
mV 


Q (- 
3db bandwidth/center 
frequencyl 
0 
2B 
- 
3B 
- 


Characteristic 
Symbol 
Min 
Typ 
Max 
Unit 


Input Rise and Fall Times 
C1. C2 
tr,tf 
- 
- 
1.5 
~s 


Input Pulse Width (TTL Model 
C1. C2 
tw 
200 
- 
- 
ns 


Clock Frequency (TTL Model 
C1. C2 
Ie 
- 
- 
2.048 
MHz 
Clock Frequency 
(CMOS Model 
C1. C2 
Ie 
- 
- 
6 
MHz 
Crystal Frequency 
C1. C2 
Ix 
1 
- 
6 
MHz 


Input Pulse Width 
(CMOS 
Model 
C1. C2 
tw 
125 
- 
- 
ns 


SWitching Frequency (Internal} 
Is 
10 
- 
256 
kHz 


-1.0 


~ 
"~ 
-70 
.~., 
a: 


iii 
:'::' 
z 
;:;' 
"c 
~ 


0 
> 


-45 


- 55 


~. ~~ 
" 
. 
0- 


777$ 


f- 
~ 


I 
I 
I 
I 


VDD (PIN 16) 


Most positive supply, nominally + 12 V to + 15 V. 


VSS (PIN 8) 


Most negative supply, nominally 0 V. 


VAG (PIN 1) 
Analog ground. This pin is a high Impedance Input which 


serves as analog ground reference. This Pin ISnominally held 
at (VDD - VSSI/2 


CS, CLOCK SELECT (PIN 5) 


This pin controls the configuration of the digital section of 


the circuit. 
Three 
different 
clock divide 
configurations 
can be 
obtained by tying this pin to either VDD, VAG or VSS· 


VLS, LOGIC SHIFT VOLTAGE (PIN 9) 


This determines the logic levels expected .at the digital In- 
put C1 and C2. If tied to VDD, CMOS logiC levels are ex- 
pected; if tied to a vOltage less than VDD-4 
V, TTL levels 
are expected With VLS equal to logic ground. This pin also 
controls 
the output 
swing 
at pm CO In a Similar 
manner, 
I.e., 


TTL or CMOS levels. 


CO, CLOCK OUT (PIN 10) 


This pin is the digital clock output pin. It is equal to the 
switching frequency, fs of the notch and band-pass filters. 


Cl, C2, CLOCK 1, CLOCK 2 (PINS 6 AND 7) 


When CS is tied to VDD, a 1 to 4 MHz crystal is tied to C1 
and C2. The switching frequency, fs, of both filters is deter- 
mined by the crystal frequency and is given by: 


f crystal 
--2-8-=fs 


With CS tied to VAG, an external clock frequency must be 
applied Into C1 and C2 tied together. The sWitching frequen- 
cy fs for the notch and band-pass filters are equal to the ex- 
ternal clock frequency divided by 16. When CS IS tied to 
VSS, operation ISIdentical to that when tied to VAG, except 
that the clock ISdivided by 1 Instead of 16. 


NI, NOTCH INPUT (PIN 4) 


This pin ISthe analog Input to the notch filter. 


AO, OP-AMP OUT (PIN 21. A -, 
OP-AMP INOUT (PIN 3) 


These pins are for the output 
buffer amp of the notch 
filter. A - 
IS the Inverting Input of this amp while AO ISItS 
output. This op-amp is capable of dnvlng a 600 ohm load. 


B +, OP-AMP NONINVERTING INPUT (PIN 15) 


This 
pm 
IS the 
non 
Inverting 
mput 
to 
the 
uncommitted 


op-amp prOVidedon chip. 


B -, 
OP-AMP INVERTING INPUT (PIN 13) 


This pin is the inverting 
Input 
to the uncommitted 
op-amp. 


BO, OP-AMP OUTPUT (PIN 14) 


This pin is the output of this uncommitted op-amp. This 
op-amp is capable of dnving a 600 ohm load. 


BPI, BAND-PASS IN (PIN 11) 


This ISthe Input to the band-pass filter. 


BPO, BAND-PASS OUT (PIN 12) 


This ISthe output of the band-pass filter. 


Filter 
Notch I Bandpass 


Clock 
Switching 
Center 
Select 
Clock 
Frequency 
Frequency 
Digital Clock Out 


CS 
fs 
fc 
CO 


Clock 
IHzl 
Clock 1Hz! 
fs 
VOD 
Crystal 
---- 
28 
137844 


Clock 
1Hz) 
Clock 1Hz! 
VAG 
External 


16 
787.69 
fs of Notch 


Clock 
1Hz! 
VSS 
External 
Clock 
1Hz) 
4923 
fs of Notch 


II 


II 


FIGURE 1 - 
TEST CIRCUIT 


+5V 


Notch 
Analog Out 


16 
600 
VAG 
VOO 


15 
AO 
8+ 


14 


A~ 
80 


13 
NI 
8~ 


12 
Band~pass 
CS 
8PO 
Analog Out 


6 
11 
20k 
Cl 
8PI 


7 
10 
C2 
CO 
DIgital 


8 
9 
Clock Oul 


VSS 
VLS 


, 


Is 
1\ I 


Ie • 49.23 
Fs 


Il • 5~s2 


FM = 16 


IH • 4~s71 


where ts• sWItching 
freq Isee truth table) 


Ie • 4;'23 


Il • 5;'9 


IH • 
4~sB 


3db BW .-.!.L 


1295 


Q = 
26 
;>g 


::> -40 
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Dual Tone Multiple Frequency 
(DTMF) Receiver 
Silicon-Gate CMOS 


The MC14S436 is a CMOS LSI device containing 
the filter and 
decoder for detection of a pair of tones conforming to the DTMF 
standard 
with outputs 
in hexdecimal. 
Switched 
capacitor 
filter 
technology 
is used together with digital circuitry for the timing 
control 
and output 
circuits. 
The MC14S436 provides excellent 
power 
line noise and dial tone 
rejection 
and 
is suitable 
for 
applications 
in central office 
equipments, PABX and keyphone 


system, 
remote 
control 
equipment 
and consumer 
telephony 
products . 
• S-Volt Supply 
• Detects all 16 standard digits 
• Uses inexpensive 3.58 MHz Crystal 
• Provides Guard Time Control to improve Speech Immunity 
• Output in 4-bit Hexadecimal Code 


I 


vDD ¢ 4 


Vss 98 


I 
I 
7 


Band 


Spilt 


Filters 


Zero 
Crossing 


Detectors 


OW SUFFIX 


CASE 751 B-02 


SOIC 


P SUFFIX 


PLASTIC 


CASE 646-Q5 


PIN ASSIGNMENT 


0' 
04 
04 
0' 
08 


08 
EN 
ov 


NC 


ATB 
'00 
ATB 


XIN 
GT 
XIN 


XOUT 
XEN 


'50 


13 


08 


XOUT 
I 
REF 
3 
EN 
~----------------------------------------------------------------------~ 


II 


II 


VDD, POSITIVE POWER SUPPLY (PIN4) 
This is usually 5.0V. 


VSS, NEGATIVE POWER SUPPLY (PIN 8 ) 
This is usually OV 


01; 02;04; 08, DATA 
OUTPUT 
(PIN 2, 1, 14, 13) 
These 
digital 
outputs 
provide 
the 
hexidecimal 
code 
corresponding 
to 
the 
detected digit. The digit outputs become valid 
after a tone pair has been detected and they 
are then cleared when a valid pause is timed. 
Table 1 describes the hexidecimal codes. 


EN, ENABLE (PIN 3) 
Outputs 01, 02, 04, and 08 are enabled 
when EN is at logical '1',and high impedanced 
when disabled by pulling EN low. 


GT, GUARD TIME (PIN 5) 
The Guard Time control input provides 
two sets of detect time and release time, both 
within the allowed ranges of tone-on and tone- 
off. A longer tone detect time rejects signals 
too short to be considered valid. Thus GT= 1 
improves 
talk-off 
preformance, 
since 
it 
reduces the probability that tones simulated 
by speech will maintain signal condition long 
enough to be accepted. Also a shorter release 
time reduces the probability a pause to be 
interrupted by tones simulated by speech. 


On the other hand, a shorter tone detect 
time 
with 
a 
long 
release 
time 
would 
be 
appropriate for extremely noisy environments 
where fast acquisition time and immunity to 
drop-outs 
would 
be 
required. 
In 
general 
practice, the tone signal duration generated 
by telephone is 100mS nominal and the pause 
time is also about 100mS. 


A high-to-Iow or low-to-high transition on 
the GT input reset the internal logic of the 
device, after the reset, OV is low and the 
MC145436 is immediately 
ready to accept 
new OTMFtones. 


XEN, OSCILLATOR ENABLE (PIN 6) 
A "1" on XEN enables the on chip crystal 
oscillator, when using alternate time base from 
ATB pin, XEN should be tied to VSS. 


AIN, ANALOG IN (PIN 7) 
This pin accepts the analog input. It is 
internally biased so that the input signal may 
be AC coupled. The input may be DC coupled 
as long as it does not exceed the positive 
supply. Proper input coupling is illustrated in 
Fig. 1 


XIN, OSCILLATOR INPUT (PIN 10) 
XOUT, OSCILLATOR OUTPUT (PIN 9) 
These pins connect to an internal crystal 
oscillator. 
In operation, 
a 
parallel 
resonant 
crystal is connected from XIN to XOUT as well 
as a 1M n resistor in parallel with the crystal. 
When using alternate clock source from ATB 
pin, XIN should be tied to VOO. 


ATB, ALTERNATE TIME BASE (PIN 11) 
This pin serves as frequency 
reference 
when more than one MC145436 is used, such 
that only one crystal is required for multiple 
MC145436. When doing 
so, 
all 
ATB 
pins 
should be tied together as shown in Fig. 2 
When only one MC145436 is used, this 
pin should be left unconnected. 


DV, DATA VALID (PIN 12) 
OV signals a detection by going high after 
a valid tone pair is sensed and decoded at 
the output pins 01, 02, 04, 08. OV remains 
high until a valid pause occurs. 


GENERAL DESCRIPTION 
The 
MC145436 
is 
an 
integrated 
DTMF 
receiver 
fabricated 
using 
advanced 
CMOS 
silicon 
gate 
technology. 
It contains 
all 
the 
analog 
signal 
processing 
circuits, 
switched 
capacitor 
bandpass 
filters and digital 
timing 
logic circuits. 
The MC145436 only requires a 
low 
cost 
3.579 
MHz 
crystal 
to 
make 
it a 
complete 
DTMF 
detection 
subsystem. 
The 
3.579 
MHz 
reference 
frequency 
is used 
to 
derive the sampling frequency 
for the internal 
switched 
capacitor 
filters and timing 
logic. 
A DTMF tone pair, to be valid, should meet 
both the frequency and duration specifications. 


The input signal at pin 7 is pre-processed 
by the high pass filter and the preamp filter in 
order to reject the dial tone (which is 350 Hz + 
440 Hz) and bandlimit the signal below 6 KHz. 
The signal is then separated into two bands 
by two band 
reject filters. One of the filters 
rejects the 697-941 Hz range of frequencies and 
the other rejects the 1209-1633 Hz range. By 
separating these two groups of frequencies, the 


interference to the band being detected will be 
reduced. 


These 
two 
groups 
of 
signals 
are 
then 
converted 
to square 
wave 
by zero-crossing 
detectors, which are then passed to the band 
pass filters. The centre frequencies 
of these 
eight bandpass filters are designed to conform 
to the Bell standard 
as shown in Fig.3. 
If the frequency of the signal coming from 
the zero crossing detectors is within bandwidth 
of any of the bandpass filters, the output from 
that bandpass 
filter will have an output 
level 
above the detect 
threshold 
of the amplitude 
detectors. 
The 
logic 
and 
timing 
portion 
of 
the 
MC145436 will then determine whether a valid 
tone pair has been 
detected 
by the analog 
circuitry. 
If a valid tone pair is detected, 
it will 


have to present for a minimum duration of 40 ms 
before 
the 
Data 
Valid 
and 
Data 
Pins 
are 
activated. 


Parameter 
This 
device 
contains 
protection 
Symbol 
Value 
Unit 


circuitry 
to guard 
against 
damage 
due 


OC Supply Voltage (Referenced 
to VSS) 
voo 
-0.5 
to +6.0 
V 


to high 
static 
voltages 
or electric 
field. 


However, 
precautions 
must be taken 
to 


Operating 
Temperature 
TA 
o to +70 
'C 


avoid 
applications 
of any voltage 
higher 


than 
maximum 
rated 
voltages 
to 
this 


Tstg 
'C 


high-impedance 
circuit. 
For 
proper 


Storage Temperature 
-65 
to + 150 
operation, 
Vin 
and 
Vout 
should 
be 


DC Current Drain per pin 
I 
10 
mA 


constraineq 
to the range VSS < (Vin or 


Vout) < VOO 


Maximum Voltage (Any pin except AIN) 
Vin1 
VSS-0.5 to vDD+0.5 
V 


Unused 
inputs 
must always 
be tied 


to an 
appropriate 
voltage 
level 
(e. g., 


Maximum Voltage (AIN) 
Vin2 
VDD-10toVDD 
+0.5 
V 
either VSS or VOO) 
Unused output 
must 


be left open. 


* Maximum Ratings are those values beyond which damage to the device may occur. 


Functional operation should be restricted to the Recommended 
Operating Conditions. 


Symbol 
Parameter 
Min 
Max 
Unit 


VDD 
DC Supply Voltage (Referenced to VSS ) 
4.5 
5.5 
V 


Vin, Vout 
DC Input Voltage, Output Voltage 
0 
VDD 
V 


TA 
Operating Temperature 
0 
+70 
·C 


II 


CHARACTERISTICS 
SYMBOL 
MIN. 
TYP 
MAX. 
UNIT 


OPERATING VOLTAGE 
VDD 
45 
5 
55 
V 


INPUT VOLTAGE 
o LEVEL 
V1L 
- 
- 
15 
V 
Vout 
=0.5V 
OR 
VDO -0.5V 
1 LEVEL 
VIH 
3.5 
- 
- 
V 


OUTPUT CURRENT 
(01,02,04,08, 
DV, ATB) 


Vout 
=4.5V 
SOURCE 
IOH 
800 
- 
- 
pA 


Vout 
=O.5V 
SINK 
IOL 
15 
- 
- 
mA 


OPERATING CURRENT 
100 
- 
10 
16 
mA 


INPUT IMPEDANCE - AIN 
R,n 
90 
100 
- 
Kn 


INPUT CURRENT -GT 
lin 
- 
- 
200 
pA 


INPUT CURRENT -ATB 
lin 
- 
- 
20 
pA 


INPUT CURRENT -OTHER 
INPUT PINS 
lin 
- 
- 
±1 
pA 


LEAKAGE CURRENT -DATA 
PINS (EN=VSS) 
ILKG 
- 
- 
±1 
pA 


CHARACTERISTICS 
CONDITIONS 
MIN. 
TYP. 
MAX. 
UNIT 


SIGNAL LEVEL FOR DETECTION 
-32 
- 
-2 
dBm(1) 
(EACH TONE) 


HIGH TONE 
±10 
TWIST (= 
LOW TONE ) 
- 
- 
dB 


FREQUENCY DETECT BANDWIDTH 
±(1.S+2Hzl 
±25 
±35 
%of 
fo 


60Hz TOLERANCE 
- 
- 
08 
Vrms 


DIAL TONE TOLERANCE 
Dial Tone Used: 
- 
- 
0 
dB(2) 
330+440Hz 


NOISE TOLERANCE (3) 
- 
- 
-12 
dB(2) 


POWER SUPPLY NOISE 
Wide Band 
- 
- 
10 
mVp-p 


TALK OFF 
MITEL tape 
- 
2 
- 
hits 
lICM7290 


(1)OdBm referenced to ImW into a 600 ohm load 
(2)Referenced to lower amplitude tone 
(3)Bandwidth 
limited (0 to 3.4KHz) Gaussian Noise 


Parameter 
Symbol 
Min. 
Typ. 
Max. 
Units 


Tone On Time 
: for detection 
tON 
40 
- 
- 
mS 
for rejection 
- 
- 
20 


Pause Time 
: for detection 
tOFF 
40 
- 
- 
mS 
for rejection 
- 
- 
20 


Detect Time 
' GT=O 
tD 
22 
- 
40 
mS 
GT=1 
32 
- 
50 


Release Time 
' GT=O 
tR 
28 
- 
40 
mS 
GT=1 
18 
- 
30 


Data Setup Time 
tsu 
7 
- 
- 
"S 


Data Hold Time 
tH 
42 
4.6 
5.0 
mS 


GT Width 
tGTW 
36 
- 
- 
"S 


DV Reset Lag Time 
tDVR 
- 
- 
50 
mS 


OUTPUT ENABLE TIME 
- 
- 
200 
- 
nS 
CL=50pF 
RL = 1KO 


OUTPUT DISABLE TIME 
- 
- 
150 
- 
nS 
CL =35pF 
RL =5000 


OUTPUT RISE TIME 
- 
- 
200 
- 
nS 
CL =50pF 


OUTPUT FALL TIME 
- 
- 
160 
- 
nS 
CL =50pF 


ANALOG 


INPUT 


D1, D2 


D4, D8 
_~_f-- 


I 
~ 
l~tGTW 


______ 
~·D 
_ 


l- 
I 


__ 
I 


II 


Voo 
Voo 
XIN 
XOUT 
VOO 


ATB 
MC145436 
XEN 


10pF 
10pF 
VOO 


~ 
~ 
XIN 


100Kl1 
lOOK 11 
ATB 
MC145436 
XEN 


VSS 
VSS 
I 
II 
+ To otherMC145436 
'::" 


FIGURE 
1. ANALOG 
INPUT 
PIN 
FIGURE 
2. ATB CONNECTION 


COLO 
COL1 
COL2 
COL3 


ROW 0 CJ00 o..... 
697 Hz 


ROW 1 80GJ o ·····770 Hz 


ROW 2 88GJ 
~ 
..... 852 Hz 


ROW 3 [:J~00..... 
941 Hz 


1209Hz 1336Hz 1477Hz 
1633Hz 


OUTPUT 
CODE 
Digit 
D8 
D4 
D2 
D1 


1 
0 
0 
0 
1 


2 
0 
0 
1 
0 


3 
0 
0 
1 
1 


4 
0 
1 
0 
0 


5 
0 
1 
0 
1 


6 
0 
1 
1 
0 


7 
0 
1 
1 
1 


8 
1 
0 
0 
0 


9 
1 
0 
0 
1 
0 
1 
0 
1 
0 
* 
1 
0 
1 
1 
# 
1 
1 
0 
0 


A 
1 
1 
0 
1 


B 
1 
1 
1 
0 
C 
1 
1 
1 
1 
D 
0 
0 
0 
0 


APPLICATION 
EXAMPLE 


Historically 
DTMF 
receivers 
found 
their 
main application 
in central office or PABX type 


switching equipments, where they are used for 
decoding digits dialed by DTMF telephones, but 
the adoption 
of DTMF receivers 
in consumer 
telecom 
products 
is starting to increase. 


Following the office and factory, the home 
will be the next area to be automated. 
Home 
automation 
includes 
functions 
such as home 
security, energy and finance management, tele- 
controller and tele-monitor. Among these areas, 
DTMF receivers 
will find 
application 
in tele- 


controller 
and monitor. 


Using a tele-controller, a user away from his 


home 
can 
switch 
ON 
or 
OFF 
any 
of 
his 
appliances which are attached to the controller 
(see 
Fig. 
4). 
The 
user 
activates 
the 
tele- 


controller by entering preset codes on a DTMF 
phone. If he wants to switch on any appliance, 
he 
can push * and the 
appliance 
number. 


Similarly, he can switch off any appliance 
by 


entering # and the appliance 
number. These 
command 
tones would 
be first decoded 
by 
MC145436 
and 
the 
MCU 
would 
then 
take 
appropriate 
actions. 
(Fig. 5 shows the block 
diagram 
of a simplified 
telecontroller). 


To confirm 
the operation 
of the control 


functions, different tones will be sent back to the 
user by the telecontroller. The feedback can be 
a synthesised voice generated by the VMAC as 
in the case of an answer phone. 


The user 
can 
also 
enter 
commands 
to 
monitor the security conditions 
of his house. 


BURLAR 


ALARM 


TELECONTROLLER 
/ 


MONITOR 
ENVIRONMENT 


SENSORS 


XOUT 


XIN 


II 
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Advance Information 
Encoder/Decoder (Transcoder) 
For Transmission 
Applications 


The MCl45439 
and MC142103 are high speed CMOS integrated circuits designed to per- 


form the coding translation 
of clocked serial data into two streams of return to zero (RZ) 
digital pulses, which are externally mixed to form either AMI, 
HDB3, B6ZS, or BSZS 


. IMC142103-AMI 
or HDB3 only) ternary signals for driving transmission 
lines. They perform 
II 


the reverse operation 
by translating 
two streams of clocked pulses [which 
have been derived 
from an incoming 
AMI, 
HDB3, B6ZS, or BSZS IMC142103-AMI 
or HDB3 only) ternary en- 


coded signal) into a single stream of clocked binary data. They also feature loopback and 
error monitoring 
functions. 
The coding and decoding functions 
perform 
independently 
at 
clock rates from zero (del to 9 megabits per second. The HDB3 coding and decoding are 
performed 
in a manner consistent 
with the CCITT G.703 recommendations. 


Both 
Devices: 


• 
Low Power CMOS Operation 
• 
Single 5 Volt Power Supply Operation 
• 
Error Monitor 
Functions 
Provided 
• 
Loopback 
Feature Provided 
• 
Encode and Decode Clock Rates to 9 Megabits per Second 
• 
Pin Selectable Modes of Operation 
• 
TTL Compatible 
Inputs and Outputs 


MCl45439 
Only: 


• 
20-Pin Package 
• 
NRZ to AMI, 
HDB3, B6ZS, BSZS; AMI, 
HDB3, B6Z6, BSZS to NRZ 
• 
Force Alarm and Output 
Enable Function 
• 
Pin Compatible with HC-5560 


MCl42103 
Only: 


• 
16-Pin Package 
• 
NRZ to AMI, 
HDB3; AMI, 
HDB3 to NRZ 
• 
Pin Selectable HDB3 or AMI Operation 
• 
Pin Compatible with CD22103 and MJ1471 


MSI 
lOR H083/AMII 
MS2 
IMC145439 
ONLY) 


OUTPUT 
ENA8LE 
IMC145439 
ONLY) 


NRZIN 


FA IMC145439 
ONLY) 


ECLK 


LOOP 
Pin 


Nin 


MSI 


MS2 


NRZoot 


ERR 


AIS 
This document contains information on a new product. Specifications and information herein are subject to change without notice. 


MC145439 
MC142103 
~e 
- 


MCl45439 


PLASTIC 


CASE 
738 


MCl42103 


PLASTIC 


CASE 
648 


PIN ASSIGNMENTS 
MCl45439 


FA 


MSI 


NRZin 


ECLK 


MS2 


NRZout 


OCLK 


RAIS 


AIS 


VSS 


1 
• 
20 


2 
19 


[ 
3 
18 


[ 
4 
17 


[ 
5 
16 
[ 
6 
15 
[ 
7 
14 


8 
13 


9 
12 


10 
11 


MCl42103 


NRZin 
1 
• 
16 
VOO 


ECLK 
15 
Pout 


H083/AMI 
Nout 


NRZout 
Nin 


OCLK 
LOOP 


RAIS 
Pin 


AIS 
CLK 


VSS 
ERR 


Rating 
Symbol 
Valua 
Unit 


DC Supply 
Voltage 
VDD-VSS 
-0.5 
to 6 
V 


Voltage, 
Any 
Pin to VSS 
V 
- 0.5 to VDD + 0.5 
V 


DC Current 
Drain per Pin (Excluding 
I 
±10 
mA 


VDD, 
VSS) 


Operating 
Temperature 
Range 
TA 
-40 
to 
+85 
°C 


Storage 
Temperature 
Range 
TS!O 
-85 
to 
+ 150 
°C 


This 
device 
contains 
circuitry 
to protect 
the 


inputs 
against 
damage 
due to high static 
voltages 


or electric fields; however, 
it is advised that nor- 


mal precautions 
be taken 
to avoid 
applications 
of 


any voltage 
higher 
than 
the maximum 
rated 
volt- 


ages 
to this 
high 
impedance 
circuit. 


For proper 
operation 
it is recommended 
that 


Vin 
and 
Vout 
be 
constrained 
to 
the 
range 
VSS:s(Vin 
or Vout):sVDD· 
Reliability 
of oper- 


ation 
is enhanced 
if unused 
inputs 
are tied to an 


appropriate 
logic voltage 
level le.g., 
either 
VSS 
orVDD). 


Parameter 
Pins 
o to 70°C 
2S°C 
o to 70°C 
Unit 
Min 
Typ 
Max 


DC Supply 
Voltage 
VDD to VSS 
4.5 
5.0 
5.5 
V 


Power 
Dissipation 
@ 5.0 V 
Static 
VDD toVSS 
- 
50 
500 
~A 
Dynamic-ECLK 
= DCLK =9 
MHz 
VDD to VSS 
- 
5 
8.5 
mA 


Encoder Clock Frequency 
ECLK 
- 
- 
9 
MHz 


Decoder 
Clock Frequency 
DCLK 
- 
- 
9 
MHz 


Encoder 
Clock 
Duty 
Cycle 
ECLK 
40 
50 
60 
% 


Decoder 
Clock 
Duty Cycle 
DCLK 
40 
50 
60 
% 


Characteristic 
Symbol 
Min 
Max 
Unit 


High Level Input 
Voltage 
VIH 
2.2 
- 
V 


Low Level Input 
Voltage 
VIL 
- 
0.8 
V 


Input 
Current 
lin 
- 
±1.0 
~ 


Input 
Capacitance 
Cin 
- 
10 
pF 


High 
Level Output 
Voltage 
(NRZout, 
AIS, 
ERR, CLK) 
lout = - 0.36 mA 
VDH 
4.6 
- 
V 


lout= 
-1.7 
mA 
2.5 
- 


High 
Level Output 
Voltage 
(Pout, 
Nout) 
lout= 
-0.7 
mA 
VOH 
4.6 
- 
V 
lout = - 3.4 mA 
2.5 
- 


Low 
Level Output 
Voltage 
(NRZout, 
AIS, 
ERR, CLK) 
10ut=0.36 
mA 
VOL 
- 
0.4 
V 


lout=0.8 
mA 
- 
0.8 


Low 
Level Output 
Voltage 
(Pout, 
Nout) 
lout= 
1.7 mA 
VOL 
- 
0.4 
V 


lout=3.5 
mA 
- 
0.8 


Characteristic 
Figure 
Symbol 
Min 
Max 
Unit 


ECLK and DCLK Rise and Fall Times 
A 
tr,tf 
ns 


@ 1.544 MHz 
- 
60 


@ 2.048 MHz 
- 
40 


@ 6.312 MHz 
- 
30 


@ 8.488 MHz 
- 
10 


Minimum 
ECLK and DCLK 
Pulse Width 
Low or High 
twL, 
twH 
47 
- 
ns 


ECLK to Pout or Nout 
Propagation 
Delay 
8 
tpLH, 
tpHL 
- 
60 
ns 


DCLK to NRZout 
Propagation 
Delay 
8 
tpLH, 
tpHL 
- 
40 
ns 


Pin or Nin to CLK Propagation 
Delay 
8 
tpLH, 
tpHL 
- 
50 
ns 


DCLK to ERR Propagation 
Delay 
8 
tpLH, 
tpHL 
- 
50 
ns 


RAIS to AIS 
Propagation 
Delay 
8 
tpLH, 
tpHL 
- 
60 
ns 


NRZin 
Setup 
Time to the Falling 
Edge of ECLK 
C 
tsu 
20 
- 
ns 


NRZin 
Hold Time After 
the Falling 
Edge of ECLK 
C 
th 
0 
- 
ns 


Pin or Nin Setup 
Time to Rising 
Edge of DCLK 
0 
tsu 
20 
- 
ns 


Pin or Nin Hold Time After 
the Rising Edge of DCLK 
0 
th 
0 
- 
ns 


Minimum 
RAIS 
Low 
Setup 
Time to DCLK 
Rising 
Edge to Include 
the Current 
E 
tsu 
20 
- 
ns 
Decoded 
8it in the AIS Count 


Minimum 
RAIS 
High Setup 
Time to DCLK 
Rising 
Edge to Ensure the Next 8it on 
E 
tsu 
- 
10 
ns 
NRZOU! will be Included 
in the AIS 
Count 


II 


II 


INPUT 


OUTPUT 


Ibl 


70% 
NRZin 
30% 


EClK 


lei 


70% 


30% 


VDD-POSITIVE 
SUPPLY 


This is the most positive power supply input. Normally + 5 
volts with respect to VSS. 


VSS-NEGATIVE 
SUPPLY 


This pin is the most negative power supply input and is logic 
ground. 
Normally 0 volts. 


NRZin-NRZ 
DATA IN 


This input accepts binary inputs for encoding 
into ternary 
form according to the appropriate rules. Data is clocked in on 
the high to low transition 
of the encoder clock (ECLK). 


Pout-POSITIVE 
DRIVE OUTPUT 
Nout-NEGATIVE 
DRIVE OUTPUT 


These two 
RZ outputs 
are clocked out of the encoder on 
the low to high transition 
of the encoder clock. The length 
(high time) of the drive pulses is set by the length of the high 
level of the encoder clock signal. These two outputs are to be 
externally mixed to form the ternary transmission 
line code. 


ECLK-ENCODER 
CLOCK 


A negative transition 
of this input is used to clock NRZ data 
into the encoder section of the device. The high level time of 
this clock signal also controls the output 
pulse width 
of the 
encoder output 
drive signals. 


Pin-POSITIVE 
INPUT 
Nin-NEGATIVE 
INPUT 


These two 
inputs are RZ representations 
of the received 
ternary inputs which 
have been externally 
separated. 
These 
inputs are clocked into the decoder on the positive 
(low to 
high) edge of the decoder clock signal simultaneously. 


NRZout-NRZ 
DATA OUTPUT 


This is the decoded output of the ternary encoded data after 
being decoded from the positive and negative inputs to the 
decoder. 
Data is clocked out serially on the low to high tran- 
sition of the decoder clock IDCLK) and remains valid for the 
entire DCLK period. 


DCLK-DECODER 
CLOCK 


This input is used to clock in the negative and positive inputs 
to the decoder on the low to high transition 
of this line. This 


pin also serves as a synchronous 
clock output 
for decoded 
data. The decoded data is updated on each low to high tran- 
sition of the decoder clock. 


CLK-CLOCK 
OUT 


This output 
is the logical OR of the two Rl 
inputs to the 
decoder 
(i.e., 
the 
logical 
OR of the 
positive 
and negative 
inputs). 


MS1-MODE 
SELECT 1 (MC145439 ONLY) 
MS2-MODE 
SELECT 2 (MC145439 ONLY) 


These two inputs work together to select the operating mode 
of the transcoders encoder, decoder, and errC/,criterion, etc., 
according 
to the following 
truth table. 


MS1 
MS2 
Mode of Operation 


0 
0 
AMI 
0 
1 
BSZS 
1 
0 
B6ZS 
1 
1 
HDB3 


HDB3/AMI-MODE 
SELECT (MC142103 ONLY) 


This pin determines the operation 
mode of the MC142103. 


A logic one (high) selects HDB3 operation 
and a logic zero 
(low) selects AMI operation. 


HDB3/AMI 
Mode of Operation 
o 
AMI 
1 
HDB3 


AIS-ALARM 
INDICATION 
SIGNAL 


This output is updated on the falling edge of the RAIS input 
and functions 
as delineated in the RAIS pin description. 


RAIS-RESET 
AIS 


This input, 
when 
low, 
resets and holds a counter 
which 
counts 
the number 
of zeros decoded 
by the decoder. 
The 
counter is enabled while RAIS is high. The falling edge of the 
RAIS input sets the AIS output low if three or more zeros have 
been decoded in the preceding 
RAIS = 1 period. The falling 
edge of the RAIS input also causes the AIS output to go high 
if less than three zeros have been decoded in the preceding 
two successive RAIS high periods. 


ERR-ERROR 


This output is flagged (the term "flagged" 
is defined to be: 


setting the error output 
pin high for one decoder clock cycle 


following 
the input of the error) for one decoder clock period 


following 
the reception of an error at the decoder input. The 
error output is updated on the rising edge of the decoder clock 
pin. In all modes if both inputs to the decoder are high at the 
rising edge of the decoder clock an error is flagged 
(on the 
next rising edge of the decode clock). 
In the AMI mode, an 
error is flagged if a bipolar violation is discovered. In the HDB3 
mode, an error is flagged if a violation is detected of the same 
polarity as a previously detected violation 
(for example three 
marks in a row of the same polarity). An error is also flagged 
(in the HDB3 mode) if the polarity of the violation 
pulse is 


correct but not preceded by two zeros. In the BSZS and B6ZS 
modes of operation, 
an error is flagged if a violation 
pulse is 
received which is not preceded by a zero. 


LOOP-LOOP 
TEST 


This input when high, disconnects the normal inputs to the 
decoder and internally ties the two encoder outputs 
(positive 
and negative drive outputs) to the decoder inputs. In this mode, 
an external decoder clock must be supplied. 
Also note that 
the clock out line is a function 
of whichever 
set of inputs are 
selected for the decoder. 


OE-OUTPUT 
ENABLE 
(MC145439 ONLY) 


This input, 
when 
high forces 
both encoder 
outputs 
low. 


When 
the 
output 
enable 
input 
is low, 
normal 
operation 
proceeds. 


FA-FORCE 
ALARM 
(MC145439 ONLY) 


The force alarm input inhibits the normal input to the encoder 
by logically "DRing" 
a "one" 
in with the incoming 
NRl data. 


This forces the coder to code the all ones alarm pattern. The 
encoder operates normally when this pin is low. 


This pin is not connected to any internal circuitry 
and may 
be either high or low. The line is ignored by the MC145439 
Transcoder. 


The basic goal of the international Integrated Services Digital 
Network 
(ISDN) standards effort is to develop a 64 kbps cus- 


tomer data channel. Thus, in order to expand the capabilities 
of the emerging digital network, 
support future services, and 
be compatible 
with the ISDN movement 
throughout 
the in- 
ternational 
community, 
the 
U.S. 
network 
is evolving 
to a 
64 kbps clear channel capability 
(64 CCC) from the present 
56 kbps capability. 
Today the T1 network 
is constrained 
by 
the line code restriction of at least a 118 average mark density, 
and is further constrained by a restriction of not more than 15 
consecutive spaces (zeros) on DS1 signals, which is imposed 
by the clock recovery circuits of some Tl repeaters. The clock 
recovery circuit 
of these repeaters will begin to lose timing 
accuracy in the presence of long strings of zeros or low marks 
density. 
These restrictions 
do not limit 
PCM voice signals, 
however, 
they are a constraint 
on the transmission 
of digital 
data. 
Due to these restrictions, 
existing 
T1 and T1C trans- 
mission systems do not provide 64 CCC. To provide this ca- 
pability, 
a coding 
and decoding 
scheme which 
allows 
the 
transmisSion of any data pattern and still satisfy the line code 
restrictions 
will be required. 
This coding 
scheme has been 
specified in the U.S. and is known as B8lS 
for T1 systems 
and B6lS 
for T2 systems. The CCITT on the other hand has 
recommended a scheme known as HDB3. Each of these coding 
schemes are variants of the existing alternate mark inversion 
(AMI) scheme, and each has specific rules for the coding of 
strings of consecutive 
zeros. AM I is a three level line code, 


where binary ones are coded as pulses above or below the 
mid level, and zeros are coded as no signal (the mid levell. In 
this coding scheme, each mark is coded as pulses of a polarity 
opposite 
to the polarity 
of the preceding 
pulse (mark). The 
HDBJ, 
B8lS, 
and B6lS 
coding schemes have special rules 


II 


II 


for the coding of strings of binary zeros with pulses that violate 
the rule of alternate mark inversion. These purposeful 
viola- 
tions can be detected 
by the decoder and the true data (a 
string of zeros) substituted 
by the decoder. 
The BBZS and 
B6ZS schemes substitute (for strings of eight or six zeros) one 
of two possible patterns to represent the string of zeros based 
on the polarity of the previous mark. (See Figures 2 and 3.) 
Note that there are bipolar violations 
in the 2nd and 5th bit 
positions in the B6ZS scheme and bipolar violations in the 4th 
and 7th bit positions in the B8ZS coding scheme. The HDB3 
scheme selects one of four possible code patterns for a string 
of four zeros based on the polarity of the previous pulse and 
if an even or odd number of pulses have occurred since the 
previous code violation (see Figure 4). Coding of a binary signal 
into an HDB3 signal is done (per CCID 
G703 annex) according 
to the following 
rules: 


1) HDB3 signal is pseudo ternary; the three states are de- 
noted B +, B -, 
and O. 


2) Spaces in the binary signal are coded as spaces in the 
HDB3 signal. For strings of four spaces, however special 
rules apply (see item 4 following). 
3) Marks in the binary signal are coded alternately 
in the 
HDB3 signal (alternate mark inversionl. Violations of the 
rule of alternate mark inversion are introduced when cod- 
ing strings of four spaces. 
4) Strings 
of four spaces in the binary signal are coded 
according to the following 
rules: 


a) The first space of a string is coded as a space if the 
polarity of the preceding mark of the HDB3 signal has 
a polarity opposite to the preceding violation 
and is 
not a violation by itself. 


b) It is coded as a mark (Le., 
not a violation) 
if the 
preceding 
mark of the HDB3 signal has the same 
polarity as that of the preceding violation or is by itself 
a violation. This rule ensures that successive violations 
are of alternate polarity so that no de component 
is 
introduced. 
The second and third spaces of a string 
are always coded as spaces. The last space of a string 
of four zeros is always coded as a mark, the polarity 
of which is such that it violates the rule of alternate 
mark inversion. 


The 
MC145439 encoder/decoder 
performs 
AMI, 
HDB3, 
B6ZS, or B8ZS (MC142103 AMI or HDB3 only) coding and 
decoding functions 
with error detection. 
They are generally 
used in telephony transmission applications and are operated 
in the 0 to 9 megabits per second frequency 
range. Coding 
and decoding 
are performed 
in independent 
sections. 
The 
encoder accepts a serial NRZ unipolar input signal and a syn- 
chronous transmission clock and creates two binary RZ output 
signals (positive and negative output drives) which are exter- 
nally mixed to generate the ternary bipolar signals for driving 
transmission lines. The decoder section accepts ternary bipolar 
signals which have been externally split to provide two binary 
RZ input 
signals (positive 
and negative 
inputs) 
which 
are 
clocked into the decoder by an externally supplied synchronous 
clock signal. 


ENCODER 
SECTION 


The encoder of the MC145439 and MC142103 operate on 
4-bit serial strings of data while operating in the AMI and HDB3 
modes of operation. 
When operating 
in the BSZS or B6ZS 


modes (MC145439 onlyl, the encoder operates on 8- or 6-bits 
of serial data respectively. 
In all cases binary data is serially 
clocked into the encoder on the high to low transition of the 
encoder clock. The outputs of the encoder (positive and neg- 
ative drive) are delayed from the input data by four, six, or 
eight encoder clock pulses depending on the mode selection 
of the device. (See timing diagrams.) The duty cycle or high 
time of the encoders drive lines is equal to the high time of 
the encoder clock. 


DECODER 
SECTION 


The Decoder Section of the MC145439 and the MC142103 
operates on serial strings of ternary data that have been split 
into two RZ inputs (positive and negative inputsl. The decoder 
however, accepts these two inputs simultaneously on the pos- 
itive transition of the decoder clock. The output of the decoder 
is delayed from the input by four, six, or eight decoder clocks 
and appears as binary NRZ data on the NRZ output 
pin on 
the positive transition 
of the decoder clock. The NRZ data is 
updated on each successive positive transition of the decoder 
clock. 


ERROR DETECTION 
SECTION 


The 
Error 
Detection 
circuitry 
of 
the 
MC145439 
and 
MC142103 operates as follows, 
according to the mode selec- 


tion of the device. In all cases, the error signal is flagged for 
one full decoder clock period following 
the input of the error. 


In all modes, when a high level appears simultaneously 
on 
both positive and negative inputs to the decoder, 
the error 
output is flagged for one period of the decoder clock. In this 
case, a positive input (logic one) is assumed as an input to 
the decoder. 
In the AMI 'mode, 
errors are flagged when a 
bipolar violation 
is received. 
In the HDB3 mode, the error 
output 
is flagged if a violation 
pulse is received of the same 
polarity as the last received violation pulse. For example,three 
or more received pulses of the same polarity. An error is also 
flagged if a bipolar violation is received without being preceded 
by two spaces. In the B8ZS and B6ZS modes of operation 
(MC145439 only), the error line is flagged if a violation 
is re- 
ceived and not preceded by a zero. 


When in the Loop Test mode, the encoders positive and 
negative outputs are internally connected to the decoders pos- 
itive and negative inputs. The normal inputs are ignored in this 
mode. In the Loop Test mode, the appropriate decoder clock 
must be supplied to the MC145439 or MC142103. The Clock 
Out line of the MC145439 and MC142103 are a logical OR of 
the decoder inputs and is generally used by external timing 
recovery circuits. 


AIS SECTION 


The 
AIS 
(Alarm 
Indication 
Signal) 
circuitry 
contains 
a 
counter that increments (to a maximum of three) each time a 
zero is decoded by the decoder. This counter is reset and held 
to zero by a low level on the RAIS input. A logic one on the 
RAIS input enables the decoder zero counter to increment on 
the positive edge of the decoder clock. The AIS output is set 
two zero (on the falling edge of RAIS input) provided three 
or more zeros have been decoded in the preceding 
RAIS = 1 
period. The AIS output 
is set high (on the falling edge of the 
RAIS input) if less than three zeros have been decoded in the 
preceding two RAIS = 1 periods. 


POLARITY OF 


PREVIOUS 


MARK 


* NOTE: 
+ implies 
a positive 
pulse 
o 
implies 
no pulse 


- 
implies a negative 
pulse 
II 


POLARITY OF 


PREVIOUS 


MARK 


*NOTE: 
+ implies 
a positive 
pulse 
o 
implies 
no pulse 


- 
implies a negative pulse 


POLARITY OF 


PREVIOUS 


MARK 


VIOLATION 


*4TH 


*NOTE: 
+ implies 
a positive 
pulse 
o 
implies 
no pulse 


- 
implies a negative 
pulse 
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MC145439 


OR 


MC142103 
NOll! 


4·WIRE 


LINE 


INTERFACE 


II 


MC145439 


OR 
MC142103 


® MOTOROLA 


CMOS 


ILOW-POWER 
COMPLEMENTARY 
MOS) 


The MC145440 is a 300 baud modem filter designed to be used with 
the MCl4412. 
MC145445. or MC6860 modems. 
These modem/filter 


combinations 
fulfill the major requirements of a complete Bell 103 300 
baud modem 
system. 
The MC145441 is also available to fulfill 
the 
CCITT V.21 equivalent filtering function. 
Features of the MC145440 in- 


clude: 


• 
Low Band Band-pass Filter 


• 
High Band Band-pass Filter 


• 
Bell 103 Frequency Compatible 


• 
Spare Operational Amplifier 


• 
Answer or Originate Mode 


• 
Self Test Loopback Configuration 


• 
Single or Split Power Supply Operation 


• 
18-Pin Package 


300 BAUD MODEM 
BAND-PASS 
SWITCHED 
CAPACITOR 
FILTER 
._.- 
1 
, 


L SUFFIX 


CERAMIC 
PACKAGE 


CASE 
726 


Transmit 


Input 
3 


Clock Select 6 


Clock 17 


Clock 28 


Originate/Answer 
12 


Clock Ou,l1 


Clock 


CircUitry 
and 
Mode 


Control 


Vaa= 
Pin 18 
Vss=Pin9 
VAG= 
Pin 1 


4 
13 
Self Test Aecetve 


Input 


14 


Receive 
Output 


P SUFFIX 


PLASTIC 
PACKAGE 


CASE 
707 


Transmit 
Output 
2 
~:: 


~A+ 


Vr~ 


~ 
5 


Vref 


VSS 


II 


II 


Rating 
Svmbol 
Value 
Unit 


OC Supplv 
Voltage 
VOO 
05 
to 18 
V 


Input Voltage, 
all pins 
V,n 
05 
to VOO+05 
V 


DC Current Dram per pm (Not VOO or VSSI 
I 
10 
mA 


Operating Temperature 
Range 
TA 
40 to 85 
°C 


Storage Temperature 
Range 
Tstg 
-65 
to 150 
°C 


VAG ,. 
18 
VOO 


hO 
17 
A+ 


hi 
16 
AO 


ST 
15 
A- 


Vref 
5 
14 
RxO 


Clk Sel 
6 
13 
Rxl 


CI 
7 
12 
0/0. 


C2 
8 
II 
CO 


VSS 
9 
10 
VLS 


DIGITAL 
ELECTRICAL 
CHARACTERISTICS 
IT A = - 40 to 85°CI 


Characteristic 


Operallng 
Current, 
VOO = 10 V, VSS = 0 V, 1 MHz Crvstal 


Input 
CapacItance 


VLS 
TTL Mode 
- 
VSS 
- 
VOO-40 
V 


CMOS Mode 
VIH 
VOO-05 
- 
VOO 


Clock Select ICSI 
State I, 4 0 MHz 
VIH 
VOO-05 
- 
VOO 
V 


State 2,3.684 
MHz 
VIM 
1VOO- VSS" 
- 
1VOO-VSSII 


2-05 
2+05 
State 3. 10 MHz 
VIL 
VSS 
- 
VSS + 05 


alA 
TTL 
Logic Levels IVOO-5 
V, VSS= 
-5 
V, VLS-O 
VI 


Input 
Current 
"""'Ievel 
IIH 
- 
- 
+03 
.A 


"0" 
Level 
IlL 
-0.3 
- 
- 


Input Voltage 
"1 " level 
VIH 
VLS + 2 0 
- 
- 
V 


"0 "level 
VIL 
- 
- 
VLS+O 
8 


Input 
Current 
"'l"level 
IIH 
- 
- 
+03 
.A 


"0" level 
IlL 
-03 
- 
- 


Input Voltage 
"I " level, VOO = 10 V 
VIH 
75 
575 
V 


"0" level, VOO = 10 V 
VIL 
- 
425 
30 


TTL Output 
Voltage 
ITTL Model 
"I" 
level, 10-8 
mA 
VOH 
24 
- 
- 
V 


"0" level, 10 = 25 mA 
VOL 
- 
- 
08 


CMOS 
Output 
Current 
VOO-lOV, 
VOH-95V 
10H 
- I 3 
- 225 
- 
mA 


VOO=10V,VOL=05V 
10L 
11 
2.25 
- 


Characteristic 
Svmbol 
Min 
lVp 
Max 
Unit 


DC Input Current (VAG) 
II 
-50 
- 
+50 
.A 
DC Input Current (lxi, 
Axil 
II 
-10 
- 
+10 
.A 
AC Input Impedance (lxi, 
Rxll 
l,n 
02 
10 
- 
Mil 


Input Voltage Range (Txl. Axil 
V,n 
VSS + 15 
- 
VOO-15 
V 


Characteristic 
Svmbol 
Min 
lVp 
Max 
Unit 


Input Offset Voltage tAD) 
110 
-50 
- 
+50 
mV 


Open Loop Gaon tRL - 10 klJl 
AOL 
- 
45 
- 
dB 


Input Bias Current IA + . A - 
I 
liB 
- 
±Ol 
- 
.A 


Output 
NOIse 
(9(X) Ol 
PN 
- 
-3 
- 
dBrnC 


Slew Rate 
SR 
2 
V/.s 


Output 
Voltage 
SWing tRL - 600 Il to VAGI 
15 
V 
- 
VOO-15V 
V 


Characteristic 
Symbol 
Min 
Typ 
Max 
Unit 


Input Rise and Fall Times 
Cl. alA. 
ST 
lr.tf 
4 
.s 


Input Pulse WIdth 
ITTL Model 01 A 
tw 
200 
- 
ns 


ICMOS 
ModeJ Cl. alA. 
ST 
Iw 
125 
- 
- 


Clock Frequency (Dnven by External Clock) ((1 Pm) 
ICMOSJ 
Ie 
- 
10 
4.0 
MHz 


Crystal Frequency 
Cl. C2 
Ix 
10 
40 
MHz 


Characteristic 
Symbol 
Min 
Typ 
Max 
Unit 


Full Scale Input Voltage 1+3 
dBmO) 
VFS 
213 
- 
- 
Vp_p 


Gain al 1170 Hz. 0 dBmO 
Ar 
90 
100 
110 
dB 


Idle NOIse. Input = VAG. 9(X) n load 
PN 
- 
20 
26 
dBrnC 


Dynamic 
Range lFull Scale Output/ldte 
NOise) 
DR 
72 
78 
dB 


Total HarmoniC Distortion 
THD 
- 
10 
- 
% 


Pass-Band Ripple 
1070 Hz to 1270 Hz 
- 
- 
- 
2 
d8p-p 


Pass-band Response. Ref 
1070 Hz. 0 dBmO 
1270 Hz 
- 
- 1 5 
- 
15 
dB 


Rejection I Ref 
1170 Hz) 
2025 Hz 102225 Hz 
- 
- 55 
- 
- 
dB 


Differential Group Delay 
1070 Hz 10 1270 Hz 
- 
- 
- 
600 
.s 


Characteristic 
Symbol 
Min 
Typ 
Max 
Unit 


Full Scale Input Voltage 
(+ 3 dBmOI 
VFS 
2 13 
- 
- 
Vp_p 


Ga,n al 2125 Hz, 0 dBmO 
Ar 
90 
100 
110 
dB 


Idle NOIse. Input 
VAG, 
900 n load 
PN 
20 
26 
dBrnC 


DynamiC Range (Full Scale Output/Idle 
NOise) 
DR 
72 
78 
- 
dB 


Total HarmonIC DiStortIon 
THD 
- 
10 
- 
% 


Pass-Band Ripple 
2025 Hz to 2225 Hz 
- 
- 
- 
2 
dBp·p 


Pass-band Response. Ref. 2025 Hz. 0 dBmO 
2225 Hz 
- 
-15 
- 
15 
dB 


Rejection (Ref 
2125 Hzl 
1070 Hz to 1270 Hz 
- 
- 55 
- 
- 
d8 


Dlfferentlal Group Delay 
2025 Hz to 2225 Hz 
- 
- 
- 
600 
.s 


II 


II 


Voo 
(PIN 
181 - 
Positive 
power 
supply. 


VSS 
(PIN 
91 - 
Negative 
power 
supply 


VAG 
(PIN 
1) - 
Analog 
ground. 
In srngle 
supply 
applica- 


tions, 
VAG 
IS drrven 
from 
Vref. 


Vret 
(PIN 
5) 
- 
ThiS pin 
provides 
an output 
DC voltage 
at 


approximately 
(VDD-VSSI/2 
for 
use 
as an 
external 
analog 


ground 
In 
smgle 
supply 
applications. 
In 
symmetnc 
dual 


power 
supply 
aPP:,CatlOnS, 
Vref 
IS not 
used. 


VLS, 
LOGIC 
SHIFT 
VOLTAGE 
(PIN 
10) 
- 
ThiS prn deter- 


mrnes 
the 
Input/output 
logiC 
level 
compatibility 
of a/A 
and 


CO 
When 
the voltage 
on thiS pin IS greater 
than 
VDD 
- 05 
V 


and 
less 
than 
VDD, 
these 
digital 
Inputs 
and 
outputs 
are 


CMOS 
compatible 
When 
the voltage 
on thiS pin IS less than 


VDD 
- 4 V and 
greater 
than 
VSS, 
these 
digital 
rnputs 
and 


outputs 
are TTL 
compatible, 
and 
VLS 
IS connected 
to digital 


ground. 


Cl, 
C2, 
CLOCK 
1, CLOCK 
2 (PIN 
7, PIN 8) 
- 
These 
prns 
connect 
to 
an 
mternal 
crystal 
oscillator 
In operation, 
a 


parallel 
resonant 
crystal 
IS connected 
from 
C 1 to C2 as well 


as a 
10 Mil 
resistor 
In parallel 
With 
the 
crystal 
and 
20 
pF 


capacitors 
from 
C, 
and 
C2 to 
VSS 
Crystal 
frequenCies 
of 


10,3.6864, 
or 4.0 MHz 
may 
be used. 
Alternatively, 
an exter- 


nal 
CMOS 
level 
Signal 
at the 
crystal 
frequency 
may 
be ap- 


plied 
to C, 
In lieu of the crystal, 
capaCitors, 
and 
resistor 
The 


Inverted 
clock 
signal 
will 
appear 
at C2 and 
will 
be a CMOS 


output 
from 
VSS 
to VDD 


Clk 
Set, 
CLOCK 
SELECT 
(PIN 
6) 
- 
ThiS 
prn 
IS a three- 


state 
selector 
used 
to select 
one 
of 
the 
three 
crystal/clock 


options. 
When 
at VDD, 
VAG, 
or 
VSS, 
thiS 
pin 
selects 
the 


4.0, 
3.6864, 
or 
1.0 
MHz 
crystal/clock 
option, 
respectively, 


for 
Cl 
and 
C2. 


Clock 
Clock 
Clock 


Select 
Frequency 
Output 


Pin6 
* 
Pin 11 


VOO 
40 
MHz 
to 
MHz 


VAG 
36864 
MHz 
N/A 


VSS 
to 
MHz 
10 
MHz 


* Use either an external clock to dnve (1 Pin 7 or external crystal 
across Cl and C2 PinS 7 and 8 


CO, 
CLOCK 
OUT 
(PIN 
11) - 
ThiS provides 
a 1.0 MHz 
out- 


put 
clock 
signal 
when 
either 
the 
1.0 
or 4.0 
MHz 
clock 
IS 


selected 
and 
IS typically 
used 
to 
drrve 
the 
clock 
Input 
to 
a 


MCI4412 
or MC6860 
modem. 
The 
clock 
output 
is not 
usable 


when 
the 
3.6864 
MHz 
option 
IS used. 
The 
logiC 
family 
com- 


patibility 
(CMOS 
or 
TTLI 
of 
thiS 
output 
IS determined 
by 


VLS 


a/A, ORIGINATE, 
ANSWER 
(PIN 
12) 
- 
The 
mode 
of the 


deVice. 
Originate 
or answer, 
1$selected 
With 
thIS pin 
In the 


orrglnate 
mode, 
selected 
With 
a logiC 
"1", 
the 
low 
band 


band-pass 
f,lter 
IS SWitched 
Into 
the 
transmit 
path 
and 
the 


high 
band 
band-pass 
filter 
IS SWitched 
Into 
the 
receive 
path 


In the answer 
mode, 
the 
filters 
SWitch POSition 
The mput 


levels 
of 
thiS pin 
are determrned 
by VLS 


Txl, 
TRANSMIT 
INPUT 
(PIN 
3) 
- 
Txl 
IS the 
rnput 
to the 


transmit 
band-pass 
filter 
which 
IS the 
low 
band 
filter 
,n the 


orrglnate 
mode 
and 
the 
high 
band 
filter 
,n the answer 
mode 


In the 
self 
test 
mode. 
thiS rnput 
IS routed 
to the 
approprrate 


band-pass 
filter 
Input 
so as to pass the modulated 
data 
to the 


demodulator 


TxO, 
TRANSMIT 
OUTPUT 
(PIN 
2) 
- 
ThiS pin 
IS the ou: 


put 
of 
the 
T x 
output 
amplifier 
and 
typically 
drrves 
the 


modulated 
data 
Into the 
duplexer 
or hybrid 
CirCUit (see 
5T 
pin) 


Rxl, 
RECEIVE 
INPUT 
(PIN 
13) 
- 
Axl 
IS the 
Input 
to 
the 


receive 
band-pass 
f"ter 
which 
IS the 
high 
band 
filter 
,n the 


originate 
mode 
and 
the 
low 
band 
filter 
In the 
answer 
mode 


In the 
self 
test 
mode, 
thiS Input 
IS disabled 


AxO, 
AECEIVE 
OUTPUT 
(PIN 
14) 
- 
The 
output 
of 
the 


receive 
band-pass 
filter, 
whether 
low 
band 
or high 
band, 
IS 


prOVided 
at AxO. 
TYPically, 
thiS Signal 
IS capacltlvely 
coupled 


to the mput 
of the external 
carner 
detector 
dnd 
limIter 
The 


AC coupling 
capacitor 
IS requrred 
because 
of the varrable 
DC 


offset 
of the 
receive 
filter 


ST. 
SELF 
TEST 
(PIN 41 - 
A "'" 
on S T puts 
the deVice 
rn- 


to a self test 
mode 
which 
routes 
the modulated 
carner 
from 


Txl, 
through 
the 
appropriate 
filter,and 
out 
AxO 
back 
to the 


receive 
carner 
Input 
of the modem. 
T xO remaIns 
at VAG 
dur- 


Ing a self 
test 
operation 
ThiS pm 
IS a standard 
CMOS 
Input 


regardless 
of the 
state 
of VLS 


A + (PIN 
17) 
- 
ThiS IS the nonrnvertlng 
Input 
to the spare 


operational 
amplifier 


A - 
(PIN 
15) 
- 
ThiS 
IS the 
rnvertlng 
mput 
to 
the 
spare 


operational 
amplifier 


AO 
(PIN 
16) 
- 
ThiS IS the output 
of the spare 
operational 
amplifier. 


This device 
IS capable 
of four 
basic 
analog 
configurations 
determined 
by the state 
of O/A 
and 
ST. 
The 
normal 
(non- 


self 
test) 
and 
self 
test 
modes 
In 
both 
the 
answer 
and 
originate 
modes 
will 
be discussed. 


In the 
normal 
originate 
mode, 
O/A 
IS a "1" 
and 
self test, 


ST, 
IS a "0". 
When 
In this 
mode, 
the 
Tx carner 
from 
the 
modem 
IS Input 
on 
lxl 
and 
routed 
through 
the 
low 
band 
band-pass 
filter. 
The filter 
output 
is sWitched 
to the Input 
of 


the Tx op-amp 
which 
typically 
drives 
the Tx carrier 
off 
chip 
into 
a duplexer 
circuit 
which 
could 
be implemented 
with 
the 
spare 
operational 
amplifier. 
The 
output 
of 
the 
duplexer 
drives 
Axl 
which 
IS sWitched 
to the 
Input 
of 
the 
high 
band 
band-pass 
filter. 
The filter 
output 
IS available 
at AxO which 
IS 
typically 
the 
Input 
to a limiter 
and 
carner 
detector. 


x = 4 MHz 
R= 10 MO 
Cl, 
C2=20pF 


The 
normal 
answer 
mode 
is established 
by a "0" 
on both 


O/A 
and 
ST. 
This 
mode 
is identical 
to the normal 
originate 


mode 
with 
one 
exception: 
the 
band-pass 
filters 
swap 
posi- 


tions, 
I.e., 
the high 
band 
band-pass 
filter 
is switched 
into the 
transmit 
path, 
and the low 
band 
band-pass 
filter 
IS sWitched 
Into 
the 
receive 
path. 


When 
used 
with 
the 
MCl4412 
in the 
self test 
mode, 
the 


device 
will 
function 
as follows. 
A "'" 
on the self test pin of 
both 
devices 
enables 
the 
self 
test 
mode. 
The 
modem 


switches 
ItS demodulator 
to 
its 
modulator 
frequency 
and 


demodulates 
its 
own 
modulated 
carrier. 
The 
modem 
filter 


switches 
the transmit 
carrier 
of the modem 
from 
Txl through 


the low 
band 
filter 
and out 
the AxO pin to the limiter 
when 
in 


the originate 
mode. 
When 
the system 
is In the answer 
mode, 


the 
modulated 
signal 
IS Instead 
routed 
through 
the 
hlgh- 
band 
filter. 
TxO will 
remain 
at mid-supply 
(VAG) dUring 
self 


test operations. 


FIGURE 1 - 
TEST CIRCUIT 
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NOTES 


1 Optional 
10 k Pot PI In lieu 01 A22 and A23 
2 
Optional Ul with R20 and R21 to get addillondl 
6 dB gain, lor more receive senSitivIty 


3 
If U1 
IS not used. jumper 
R20 and R21 


® MOTOROLA 


CMOS 


(LOW-POWER 
COMPLEMENTARY 
MaS) 


The MC145441 is a 300 baud modem filter designed 10be used with 
Ihe MCl4412 or MC145445modems. These modem/filter combinations 
fulfill 
the malor requirements of a complele CCITT V.21 300 baud 
modem system. The MC145440 is also available to fulfill the Bell 103 
eqUivalenl filtering function. Features of the MC145441 Include: 


300 BAUD MODEM 


BAND-PASS 
SWITCHED 


CAPACITOR 
FILTER 


• 
Low Band Band-Pass Filter 


• 
High Band Band-Pass Filler 


• 
Spare Operational Amplifier 


• 
Answer or Originate Mode 


• 
Self Test Loopback Configuration IOptlonall 


• 
Single or Split Power Supply Operation 


• 
lB-Pln Package 


• 
CCITT V.21 Compatible 
~- 


nl, 
1. 
1 


L SUFFIX 


CERAMIC 
PACKAGE 


CASE 
726 


Transmit 
Input 
3 


Clock Select 6 


Clock 17 


Clock 28 


Orlglnatel 
Answer 
12 


Clock Out 11 


Clock 


Circuitry 
and 
Mode 
Control 


Vaa= 
Pin 18 


Vss=P,n9 
VAG= 
Pin 1 


4 
13 
Self Test ReceIve 
Input 


14 


Receive 
Output 


P SUFFIX 


PLASTIC 
PACKAGE 


CASE 
707 


Transmit 
Output 
2 


Vr~ 


~ 
5 


Vref 


VSS 


II 


•• 


Rating 
Symbol 
Value 
Unit 


DC Supply 
Voltage 
VDD 
-05to 
18 
V 


Input Voltage. 
all pIns 
V,n 
05 
to VDD+O 
5 
V 


DC Current Drain per pin (Not VOO or VSSI 
I 
10 
mA 


Operating Temperature 
Range 
TA 
40 to 85 
·C 


Storage Temperature 
Range 
Tstg 
-65 
to 150 
·C 


VAG 
VDD 


TxO 
A+ 


Txl 
3 
16 
AO 


ST 
15 
A- 


Vref 
14 
RxO 


Clk Sel 
13 
Rxl 


Cl 
12 
OIA 


C2 
8 
11 
CO 


VSS 
9 
10 
VLS 


Characteristic 


OperatIng 
Current, 
VDD = 10 V, VSS =0 V, 1 MHz Crystal 


Input Capacitance 


VLS 
TTL Mode 
- 
VSS 
- 
VDD 
40 
V 


CMOS Mode 
VIH 
VDD-05 
- 
VDD 


Clock Select ICSI 
State I, 4 0 MHz 
VIH 
VDD-O 
5 
- 
VDD 
V 
State 2,3684 
MHz 
VIM 
IVDD- 
VSSII 
- 
IVDD-VSSII 


2-05 
2+05 


State 3, 1 0 MHz 
VIL 
VSS 
- 
VSS+05 


01" 
TTL 
L 
ic Levels tV 
-5 
V, V 
- 
-5 
V, V 
-0 
VI 


Input Current 
.,. 
level 
IIH 
- 
- 
+03 
_A 


"0" 
Level 
IlL 
-03 
- 


Input VOltage 
·1· level 
VIH 
VLS + 2 0 
- 
- 
V 
"0 "level 
VIL 
- 
- 
VLS + 0 8 
- 


Input Current 
"l-level 
IIH 
- 
- 
+03 
_A 


"0" level 
IlL 
-03 
- 


Input Voltage 
"1 " level, VDD - 10 V 
VIH 
7.5 
575 
V 


"0" level, VDD = 10 V 
VIL 
- 
425 
30 


TTL Output 
Voltage 
ITTL Model 
"I" 
level, 10-8 
mA 
VOH 
24 
- 
- 
V 
"0" level, 10 = 2.5 mA 
VOL 
- 
- 
08 


CMOS Output Current 
VDD-l0V, 
VOH-9 
5V 
10H 
-13 
- 2 25 
- 
mA 


VDD= 
10V, VOL =0 
5V 
10L 
1.1 
225 
- 


Charaeteristte 
Symbol 
Min 
Typ 
Max 
Unit 


DC Input Current IVAG) 
II 
-50 
- 
+50 
_A 


DC Input Current (lxi, 
Axil 
II 
-10 
- 
+10 
_A 


AC Input 
Impedance 
ITxl. 
Rxll 
Zm 
02 
1.0 
- 
MO 


Input Voltage 
Range IT xl, Axil 
V,n 
VSS + 1.5 
- 
VDD-1.5 
V 


Characteristic 
Symbol 
Min 
Typ 
Max 
Unit 


Input 
Offset 
Voltage 
IAOI 
110 
-50 
- 
+50 
mV 


Open Loop Gain IRL - 10 kOi 
AOL 
- 
45 
- 
d8 


Input Bias Current tA + . A 
I 
118 
- 
±01 
- 
_A 


Output 
NOtse (9CX) m 
PN 
- 
-3 
- 
dBrnC 


Slew Rate 
SR 
- 
2 
- 
V/_s 


Output 
Voltage 
SWIng IRL -600 
0 to VAGI 
- 
1.5 V 
- 
VDD-1.5 
V 
V 


Characteristic 
Symbol 
Min 
Typ 
MI, 
Unit 


Input Rise and Fall TImes 
Cl, OIA, 
ST 
tr.tf 
- 
- 
4 
~s 
Input Pulse Width 
(TTL Model 
01 A 
tw 
200 
- 
- 
ns 


(CMOS 
Model 
Cl, OIA, 
ST 
Iw 
125 
- 
- 


Clock Frequency (Driven by External Clock) ICl 
Pin) 
(CMOS 
Model 
fc 
- 
1.0 
4.0 
MHz 


Crystal Frequency 
Cl, C2 
'x 
1.0 
- 
4.0 
MHz 


Characteristic 
Symbol 
Min 
Typ 
Ma. 
Unit 


Full Scale Input 
Voltage 
(+ 3 dBmOI 
VFS 
213 
- 
- 
Vp_p 


Gain at 1000 Hz, 0 dBmO 
A, 
90 
100 
110 
dB 


Idle NOIse, Input- 
VAG, 
900 II load 
PN 
- 
-70 
-64 
dBmp 


DynamiC Range (Full Scale Output/Idle 
NOIse) 
OA 
72 
7B 
- 
dB 


Total Harmonic 
Distortion 
THO 
- 
10 
- 
% 


Power Supply Relectlon RatiO 
PSAA 
- 
20 
- 
dB 


Pass-Band Ripple 
900 Hz to 1180 Hz 
- 
- 
- 
2 
dBp-p 


Pass-band 
Aesponse, 
Aef 
900 Hz, 0 dBmO 
1180 Hz 
- 
-1.5 
- 
1.5 
dB 


Rejection (Ref 
1080 Hz) 
1650 Hz to 1B5OHz 
- 
-55 
- 
- 
dB 


Differential Group Delay 
9BOHzlo 
1180 Hz 
- 
- 
- 
600 
~s 


Choracteristic 
Symbol 
Min 
Typ 
MI, 
Unit 


Full Scale Inpul 
Voltage 
(+ 3 dBmO) 
VFS 
2.13 
- 
- 
Vp_p 


Glln 
at 1750 Hz, 0 dBmO 
A, 
9.0 
10.0 
110 
dB 


Idle NOIse, Input- 
VAG. 
900 II load 
PN 
- 
-70 
-64 
dBmp 


DynamIC Aange 
IFull Scale Outputlldle 
NOIse) 
DA 
72 
78 
- 
dB 


Total Harmonic 
Distortion 
THD 
- 
1.0 
- 
% 


Power Supply Rejection RatiO 
PSAA 
- 
20 
- 
dB 


Pass-Band Ripple 
1650 Hz to 1850 Hz 
- 
- 
- 
2 
dBp-p 


Pass-band 
Aesponse, 
Ael. 
1650 Hz, 0 dBmO 
1850 Hz 
- 
-1.5 
- 
15 
dB 


Aetectlon 
(Aef 
1750 Hz) 
900 Hz to 1180 Hz 
- 
-55 
- 
- 
dB 


Differential Group Delay 
1650 Hz 10 1850 Hz 
- 
- 
- 
600 
~s 


II 


Voo 
(PIN 181 - 
Positive power supply. 


VSS (PIN 91 - 
Negative power supply. 


VAG (PIN 1) - 
Analog ground. 
In single supply applica- 


tions, VAG is driven from Vref. 


Vref (PIN 5) - 
This pin prOVides an output DC voltage at 
approximately 
IVDD-VSS)/2 
for use as an external analog 
ground 
in single supply 
applications. 
In symmetric 
dual 
power supply applications, 
Vref is not used. 


VLS, LOGIC SHIFT VOLTAGE (PIN 101 - 
This pin deter- 


mines the input/ output 
logic level compatibility 
of a/A and 


CO. When the voltage on this pin ISgreater than VDD - 0.5 V 
and less than VDD, 
these digital 
inputs 
and outputs 
are 
CMOS compatible. When the voltage on this pin is less than 
VDD - 4 V and greater than VSS, 
these digital inputs and 
outputs are TTL compatible, 
and VLS is connected to digital 
ground. 
. 


Cl, C2, CLOCK I, CLOCK 2 (PIN 7, PIN 8) - 
These pins 
connect 
to an internal 
crystal 
oscillator. 
In operation, 
a 
parallel resonant crystal is connected 
from C, to C2 as well 


as a 10 MO resistor in parallel with 
the crystal and 20 pF 


capacitors 
from C, and C2 to VSS. Crystal frequencies of 
1.0,3.6864, or 4.0 MHz may be used. Alternatively, 
an exter- 


nal CMOS level signal at the crystal frequency may be ap- 
plied to C1 In lieu of the crystal, capacitors, and resistor. The 
inverted clock signal will appear at C2 and witl be a CMOS 
output 
from VSS to VDD· 


Clk Sel, CLOCK SELECT (PIN 6) - 
This pin is a three- 
state selector used to select one of the three crystal/ clock 
options. 
When at VDD, VAG, or VSS, this pin selects the 
4.0, 3.6864, or '.0 
MHz crystal/clock 
option, 
respectively, 


for C1 and C2. 


Clock 
Clock 
Clock 
Select 
Frequency 
Output 
Pin 6 
* 
Pin I' 


VOO 
40 
MHz 
'0 
MHz 


VAG 
36864 
MHz 
N/A 


VSS 
10 MHz 
'OMHz 


* Use eIther an external clock to drive Cl Pin 7 or external crystal 


across Cl and C2 Pms 7 and 8 


CO, CLOCK OUT (PIN III 
- 
This provides a 1.0 MHz out- 


put clock signal when either the 1.0 or 4.0 MHz clock is 
selected and is typically 
used to drive the clock Input to a 
MCl4412 or MC6860 modem. The clock output ISnot usable 
when the 3.6864 MHz option ISused. The logic family com- 
patibility 
ICMOS 
or TTLI of this output 
IS determined 
by 


VLS 
a/A, ORIGINATE, ANSWER (PIN 121 - 
The mode of the 


device, originate or answer, is selected With this pin. In the 
originate 
mode, selected with 
a logic "''', 
the low band 
band-pass filter is switched 
into the transmit path and the 


high band band-pass filter is switched into the receive path. 
In the answer mode, the filters switch 
pOSition. The input 
levels of this pin are determined by VLS. 


Txl, TRANSMIT 
INPUT (PIN 31 - 
Txl ISthe Input to the 


transmit 
band-pass filter which IS the low band fitter In the 
originate mode and the high band filter In the answer mode. 
In the self test mode, this input is routed to the appropriate 
band-pass filter input so as to pass the modulated data to the 
demodulator. 


TxO, TRANSMIT 
OUTPUT (PIN 2) - 
This pin is the out- 


put 
of 
the 
Tx output 
amplifier 
and 
typically 
drives 
the 


modulated 
data into the duplexer or hybrid circuit (see ST 


pin). 


Rxl, RECEIVE INPUT (PIN 13) - 
Rxl is the input to the 


receive band-pass fitter which 
is the high band filter in the 


originate mode and the low band filter in the answer mode. 
In the self test mode, this input is disabled. 


RxO, RECEIVE OUTPUT (PIN 14) - 
The output 
of the 


receive band-pass filter, whether 
low band or high band, is 


provided at RxO. Typically, this signal is capacitively coupled 
to the input of the external carrier detector and limiter. The 
AC coupling capacitor is required because of the variable DC 
offset of the receive fitter. 


ST, SELF TEST (PIN 4) - 
A "'" 
on ST puts the device in- 


to a self test mode which routes the modulated carrier from 
Txl, through 
the appropriate 
fitter,and out RxO back to the 


receive carrier input of the modem. TxO remains at VAG dur- 
ing a self test operation. This pin is a standard CMOS input 
regardless of the state of VLS. 


A + (PIN 17) - 
This is the noninverting 
input to the spare 
operational amplifier. 


A- 
(PIN IS) - 
This is the inverting 
input to the spare 


operational amplifier. 


AO (PIN 16) - 
This is the output of the spare operational 
amplifier. 


This device is capable of four basic analog configurations 


determined by the state of O/A and ST. The normal Inon- 
self 
test! 
and self 
test 
modes 
in both 
the answer 
and 


originate modes will be discussed. 


In the normal originate mode, a/A ISa "'" 
and self test, 
ST, IS a "0" 
When In this mode, the Tx carrier from the 
modem is Input on Txl and routed through 
the low band 
band-pass filter. The filter output is switched to the input of 
the Tx op-amp which typically driVes the Tx carrier off chip 
Into a duplexer CirCUitwhich could be Implemented With the 
spare operattonal 
~Illplifier. 
The output 
of 
the duplexer 
drives Rxl which,s 
SWitched to the Input of the high band 


band-pass fitter 
The filter output ISavailable at RxO which is 


typically the Input 
to a limiter 
and carner detector 
The normal answer mode is established by a "0" 
on both 
a/A and ST. This mode is identical to the normal originate 
mode with one exception: 
the band-pass filters swap posi- 


tions, i.e., the high band band-pass fitter is switched into the 
transmit path, and the low band band-pass filter is switched 
Into the receiv" path. 


When used with the MC'4412 
in the self test mode, the 
device witl function as follows. A "'" 
on the self test pin of 
both 
devices 
enables 
the 
self 
test 
mode. 
The 
modem 


switches 
its demodulator 
to ItS modulator 
frequency 
and 
demodulates 
its own modulated 
carrier. 
The modem fitter 


SWitches the transmit carrier of the modem from Txl through 
the low band filter and out the RxO Pin to the limiter when in 
the originate mode When the system is in the answer mode, 
the modulated 
Signal IS Instead routed 
through 
the high- 


band fitter. TxO will remain at mid-supply 
IVAG) dUring self 


test operatIons. 
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R= 10 MO 
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NOTES 


1 Optlona' 
10 k Pot Pl In ',eu of R22 and R23 
2 
Optional Ul with R20 and R21 to get addlttondl 
6 dB gain, tor more receive sensitivIty 


3 
If Ul 
1$ not used, Jumper R20 and R21 
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Advance 
Information 
Single Chip 300 Baud Modem 
• 
ff~\ 
'u 


, 
P SUFFIX 
PLASTIC 
CASE 738 


The MC145442 and MC145443 silicon-gate CMOS single-chip low-speed modems 


contain a complete frequency shift keying (FSK) modulator, 
demodulator, 
and filter. 


These devices are compatible with CCITT V.21 (MC145442) and Bell 103 
(MC145443) specifications_ Both devices provide full-duplex 
or half-duplex 300 baud 


data 
communicaton 
over a pair of telephone 
lines. 
They 
also include 
a carrier 
detect 


circuit 
for the 
demodulator 
section 
and 
a duplexer 
circuit 
for direct 
operation 
on a 


telephone line through a simple transformer. 


• 
MC145442 Compatible with CCITI V.21 


• 
MC145443 Compatible with Bell 103 


• 
Low-Band and High-Band Bandpass Filters On-Chip 


• 
Simplex, Half-Duplex, 
and Full-Duplex Operation 


• 
Originate and Answer Mode 


• 
Analog Loopback Configuration 
for Self Test 


• 
Hybrid Network 
Function On-Chip 


• 
Carrier Detect Circuit On-Chip 


• 
Adjustable Transmit Level and CD Delay Timing 


• 
On-Chip Crystal Oscillator (3.579 MHz) 


• 
Single + 5 Volt Power Supply Operation 


• 
Internal Mid-Supply 
Generator 


• 
Power-Down 
Mode 


• 
Pin Compatible with MM74HC943 


• 
Capable of Driving 
- 9 dBm into a 6OO-0hm Load 


ow SUFFIX 
SOIC 
CASE 7510 
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CO 
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fB 
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17 
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VSS 
..L 


iB 


13 
MOOE 
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SAMPLING 
CLOCK: 77.82 
kHl 


SAMPLING 
CLOCK: 19.46 
kHl 


II 


II 


Rating 
Symbol 
Value 
Unit 


Supply 
Voltage 
VOO 
-0.5 
to 7.0 
V 


DC Input Voltage 
Vin 
- 0.5 to VOO + 0.5 
V 


DC Output 
Voltage 
Your 
- 0.5 to VOO + 0.5 
V 


Clamp Diode Current, per Pin 
IIK,IOK 
±20 
mA 


DC Output Current, per Pin 
lout 
±28 
mA 


Power Dissipation 
PO 
500 
mW 


Operating 
Temperature 
Range 
TA 
-40 
to 85 
°C 


Storage Temperature 
Range 
Tstn 
-65 
to 150 
°C 


This 
device 
contains 
circuitry 
to protect 
against 


damage due to high static voltages or electric 


fields, 
however. 
it is advised 
that 
normal 
precau 


tions 
be taken 
to avoid 
application 
of any 
voltage 


higher 
than 
maximum 
rated 
voltages 
to this 
high 


impedance 
circuit. 
For 
proper 
operation 
it is rec- 


ommended that Vin and Vout be constrained to 


the range VSS~(Vin 
or Vout)'SVOO· 


Unused outputs must always be tied to an ap- 


propriate logic voltage level fe.g., either VSS or 
VOOI. 


Parameter 
Symbol 
Min 
Max 
Unit 


Supply 
Voltage 
VOO 
4.5 
5.5 
V 


DC Input or Output Voltage 
Vin. Vout 
0 
VOO 
V 


Input Rise or Fall Time 
tr,tf 
- 
500 
ns 


Crystal Frequency* 
fcrvstal 
3.2 
5.0 
MHz 


Characteristic 
Symbol 
Min 
Typ 
Max 
Unit 


High-Level Input Voltage 
L8 
VIH 
VOO-0.8 
- 
- 
V 


Xin, TxO, 
Mode, 
SOT 
3.15 
- 
- 


Low-Level Input Voltage 
LB 
VIL 
- 
- 
0.8 
V 
Xin, TxO, Mode, 
SOT 
- 
- 
1.1 


High-Level Output Voltage 
VOH 
V 


10H ~20 ~A 
CD, RxO 
VOO-O.l 
- 
- 


IOH=2 
mA 
CD, RxO 
3.7 
- 
- 


10H ~20 ~A 
Xout 
- 
VOO - 0.05 
- 


Low·Level Output Voltage 
VOL 
V 


10L ~20 ~A 
CD, RxO 
- 
- 
0.1 


10L =2 
mA 
CD, RxO 
- 
- 
0.4 


10L =20 ~A 
Xout 
- 
0.05 
- 


Input Current 
LB, TxO, 
Mode, 
SaT 
lin 
- 
- 
± 1.0 
~A 


RxA1, 
RxA2 
- 
10 
± 12 


Xin 
- 
- 
+10 


Quiesent 
Supply 
Current 
100 
- 
7 
10 
mA 


Xin or fervstal = 3.579 MHz 


Power-Down 
Supply Current 
- 
200 
300 
~A 


Input Capacitance 
Xin 
Gin 
- 
10 
- 
pF 
All Other Inputs 
- 
- 
10 


VAG Output 
Voltage 
110~ ± 10 ~AI 
VAG 
2.4 
2.5 
2.6 
V 


COA Output 
Voltage 
110= ± 10 ~AI 
VCOA 
1.1 
1.2 
1.3 
V 


Line Driver Feedback Resistor 
Rf 
10 
20 
30 
k{l 


AC 
ELECTRICAL 
CHARACTERISTICS 
iYOO 05.0 
Y ± 10%. TA = - 40 to 85°C. Crystal Frequency 
= 3.579 MHz 
± 0.1 %; See Figure 11 
I 
Characteristic 
I 
Min 
I 
Typ 
I 
Max 
I 
Unit 
I 


TRANSMITTER 


Power Output 
on TxA 
d8m 
RL 
1.2 k!l. RTLA 
'" 
-13 
-12 
-11 


RL 
1.2 k!l. 
RTLA 
5.5 k!! 
-10 
-9 
-8 


Second 
HarmonIc 
Power 
- 
-56 
- 
d8m 


RL 
1.2 k!1 


Hylmd 
Input Impedance 
RxA 1, RxA2 


FB Output 
Impedance 


AdJiJcent Channel 
Rejection 


Rp.celvc 
Carrier 
Amplitude 
-48 
- 
-12 
d8m 


Dyn<.lInfc 
R.m~u 
- 
36 
- 
dB 


BII JItter 
- 
100 
- 
"s 


is 
N 
30 dB, Input 
38 dBm, Bit Rate -:300 baudl 


BIt Bws 
- 
5 
- 
% 


CiHfI(H 
Detect 
Threshold 
On to Off 
- 
-44 
- 
d8m 


ICOA 
1.2 V or CDA grounded 
through 
a 0.1 /tF capacitorl 
Off to On 
- 
-47 
- 


3.579 MHz ±O.ll1 


PIN 
ASSIGNMENT 


051 
1. 
20 
TlA 
RTlA 
20 
VOO 
DATAINPUT 


Lii 
19 
VAG 
17 TxA 


CD 
18 
hi 
15 


RIA2 


COT 
4 
17 
TxA 
MC145442 


R.O 
16 
R.At 
600 
MC145443 


VOO 
15 
RIA2 
600 
16 


COA 
14 
SOT 
RIAl 
RID 
DATAOUTPUT 
TEST 
COT 
FB 


XOU1 
13 
MODE 
TEST 
OUTPUT 
~ 
10 


Xon 
12 
VSS 
INPUT 
0.1 "FI 
0.1 "F 
FB 
10 
11 
"0 
= CCOT~CFB 


bias line used in the switched capacitor filters, limiter, and 
slicer in the demodulation circuitry. 


VDD-POSITIVE 
POWER 
SUPPLY 
(PIN 
61 


This 
pin 
is normally 
tied 
to 5.0 V. 


TLA- 
TRANSMIT 
LEVEL 
ADJUST 
(PIN 
201 


This 
pin 
is used 
to adjust 
the 
transmit 
level. 
Transmit 
level 


adjustment 
range 
is typically 
from 
- 
12 dBm 
to 
- 9 dBm. 
ISee 


Applications 
Information. 
I 
VSS-NEGATIVE 
POWER 
SUPPLY 
IPIN 
121 


This 
pin 
is normally 
tied 
to 0 V. 


VAG-ANALOG 
GROUND 
(PIN 
19) 


Analog 
ground 
is internally 
biased 
to IVDD 
- VSSI/2. 
This 


pin 
must 
be decoupled 
by a capacitor 
from 
VAG 
to VSS 
and 


a capacitor 
from 
VAG 
to VDD. 
Analog 
ground 
is the common 


TxD- 
TRANSMIT 
DATA 
(PIN 
11) 


Binary 
information 
is input 
to 
the 
transmit 
data 
pin. 
Data 


entered 
for 
transmission 
is modulated 
using 
FSK 
techniques. 


A 
logic 
high 
input 
level 
represents 
a mark 
and 
a logic 
low 


represents 
a space. 
ISee 
Table 
1.1 


II 


II 


Table 1. Bell 103 and CCITT V.21 
Frequency 
Characteristics 


Bell 103IMCl454431 


Originate 
Mode 
Answer 
Mode 
Oat8 
Transmit 
Receive 
Transmit 
Receive 


Space 
1070Hz 
2025Hz 
2025Hz 
1070Hz 


Mark 
1270Hz 
2225Hz 
2225Hz 
1270Hz 


CCITT V.21 (MCl454421 


Originate 
Mode 
Answer 
Mode 
Data 
Transmit 
Receive 
Transmit 
Receive 


Space 
1180Hz 
1850Hz 
1850Hz 
1180Hz 


Mark 
980 Hz 
1650Hz 
1650Hz 
980 Hz 


TxA- 
TRANSMIT 
CARRIER 
(PIN 17) 


This Is the output of the line driver amplifier. The transmit 
carrier is the digitally synthesized 
sine wave output 
of the 
modulator derived from a crystal oscillator reference. When a 
3.579 MHz crystal is used the frequency 
outputs 
shown in 
Table 1 apply. ISee Applications 
Information.) 


3.44 
16 
64 
256 


~ 
I 
I 
'" 


I 
I 
> 
I 
I, 
'" 
- 20 
I 
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I 


- 25 
I: 
~ 
15 dBIOCTAVE 
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I 
I 
I 
I 
II 


- 55 


- 60 


Exl-EXTERNAL 
INPUT 
(PIN 18) 


The external input is the noninverting input to the line driver. 


It is provided to combine an auxiliary audio signal or speech 
signal to the phone line using the line driver. This pin should 
be connected to VAG if not used. The average level must be 
the same as VAG to maintain proper operation. 
(See Appli- 


cations 
Information.) 


The 
driver 
summing 
input 
may 
be used to connect 
an ex- 
ternal signal, such as a DTMF dialer, to the phone line. A 
series resistor, RDSI, is needed to define the voltage gain AV 
(see Applications 
Information 
and Figure 61. When applying 
a signal to the DSI pin, the modulator should be squelched 
by bringing 
SOT Ipin 14) to a logic high level. The voltage 
gain, AV, is calculated by the formula AV = - Rf/RDSI (where 


Rf =20 kG). For example, a 20 kO resistor for RDSI will provide 
unity gain (AV = - 20 kO/2O kO= - 1I. This pin MUST be left 
OPEN if not used. 


RxD-RECEIVE 
DATA (PIN 5) 


The receive data output pin presents the digital binary data 
resulting from the demodulation 
of the receive carrier. If no 
carrier is present, CD high, the receive data output 
(RxD) is 
clamped high. 


RxA2, RxAl-RECEIVE 
CARRIER 
(PINS 15. 16) 


The receive carrier is the FSK input to the demodulator 
through the receive band·pass filter. RxA 1 is the noninverting 
input and RxA2 is the inverting 
input of the receive hybrid 
(duplexer) operational amplifier. 


LB-ANALOG 
LOOPBACK 
(PIN 2) 


When a high level is applied to this pin (SOT must be low), 


the analog loopback test is enabled. The analog loopback test 
connects the TxA pin to the RxA2 pin and the RxA 1 to analog 
ground. 
In 
loopback. 
the 
demodulator 
frequencies 
are 
switched to the modulation frequencies for the selected mode. 
(See Tables 1 and 2 and Figures 4c and 4d.) 
When LB is connected to analog ground (VAG). the mod- 


ulator generates an echo cancellation 
tone of 2100Hz 
for 
MC145442 CCITT V.21 and 2225 Hz for MCI45443 
Bell 103 
systems. For normal operation, 
this pin should be at a logic 
low level (VSS). 
The power-down 
mode is enabled when both LB and SOT 
are connected to a logic high level. (See Table 2.) 


MODE 
SOT 
LB 
Operating 
Mode 
Pin 13 
Pin 14 
Pin 2 


1 
0 
0 
Originate Mode 


0 
0 
0 
Answer Mode 


X 
0 
VAG (VDO/21 
Echo Tone 


X 
0 
1 
Analog Loopback 


X 
1 
0 
SquelchMode 


X 
1 
VAG (VOO/21 
Squelch Mode 


X 
1 
1 
Power Down 


MODE-MODE 
(PIN 13) 


This input selects the pair of transmit and receive frequencies 
used during modulation and demodulation. 
When a logic high 
level is placed on this input, 
originate 
(Bell) or channel 
1 
ICCITT) is selected. When a low level is placed on this input, 
answer (Bell) or channel 2 (CCITT) is selected. (See Tables 1 
and 2 and Figure 4.) 


COT -CARRIER 
DETECT TIMING 
(PIN 4) 


A capacitor on this pin to VSS sets the amount of time the 
carrier must be present before CD goes low. (See Applications 
Information 
for the capacitor values.) 


CD-CARRIER 
DETECT OUTPUT (PIN 31 


This output is used to indicate when a carrier has been 
sensedby the carrier detect circuit. This output goes to a logic 
low level when a valid signal above the minimum threshold 
level (defined by CDA pin 7) is maintained on the input to the 
hybrid circuit longer than the response time (defined by COT 
pin 41. This pin is held at the logic low level until the signal 
falls below the maximum threshold level for longer than the 
turn off time. (See Applications Information and Figure 5.) 


CDA-CARRIER 
DETECT ADJUST 
(PIN 7) 


An external voltage may be applied to this pin to adjust the 
carrier detect threshold. The threshold hysteresis is internally 
fixed at 3 dB. (See Applications Information.) 


Xout, Xin-CRYSTAL 
OSCILLATOR (PINS 8, 9) 


A crystal reference oscillator is formed when a 3.579 MHz 
crystal is connected between these two pins. Xout (pin 8) is 
the output of the oscillator circuit, and Xin (pin 9) is the input 
to the oscillator circuit. When using an external clock, apply 
the clock to the Xin (pin 9) pin and leave Xout (pin 8) open. 
An internal 10 mO resistor and internal capacitors, typically 
10 pF on Xin and 16 pF on Xout, allow the crystal to be 
connected without any other external components. Printed 
circuit board layout should keep external stray capacitance to 


a minimum. 


FB-FILTER 
BIAS (PIN 101 


This is the negative input to the ac amplifier. In normal 
operation, this pin is connected to analog ground through a 
0.1 I'F bypass capacitor in order to cancel the input offset 
voltage of the limiter. It has a nominal input impedance of 16 
kO. (See Figure 3.) 
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BAND·PASS 


FILTER 


TO 


CARRIER 
DETECT 
CIRCUIT 


AND 


DEMODULATOR 


~O.ll'f 


Figure 3. AC Amplifier 
Circuit 


SQT - TRANSMIT 
SQUELCH (PIN 14) 


When this input pin is at a logic high level, the modulator 
is disabled. The line driver remains active if LB is at a logic 
low level. (See Table 2.) 


When both LB and SOT are connected to a logic high level, 


see Table 2, the entire chip is in a power down state and all 
circuitry except the crystal oscillator is disabled. Total power 
supply current decreases from 10 mA (maximum) to 300 I'A 
(maximum). 


The MC145442 and MCI45443 are full-duplex low-speed 
modems. They provide a 300 baud FSK signal for bidirectional 
data transmission over the telephone network. They can be 
operated in one of four basic configurations as determined by 
the state of MODE (pin 13) and LB (pin 21. The normal (non- 
loopback) and self test lloopback) modes in both answer and 
originate modes will be discussed. 


For an originate or channel 1 mode, a logic high level is 
placed on MODE (pin 13) and a logic low level is placed on 
LB (pin 2). In this mode, transmit data is input on TxD, where 
it is converted to a FSK signal and routed through a low-band 
band-pass filter. The filtered output signal is then buffered by 
the Tx op-amp line driver, which is capable of driving - 9 dBm 
onto a 600 0 line. The receive signal is connected through a 
hybrid duplexer circuit on pins 15 and 16, RxA2 and RxA1. 
The signal then passes through the anti-aliasing filter, the 
sample-and-hold circuit, is switched into the high-band band- 
passfilter, and then switched into the ac amplifier circuit. The 
output of the ac amplifier circuit is routed to the demodulator 
circuit and demodulated. The resulting digital data is then 
output through RxD (pin 51.The carrier detect circuit receives 
its signal from the output of the ac amplifier circuit and goes 
low when the incoming signal is detected. (See Figure 4a.) 
In the answer or channel 2 mode, a logic low level is placed 
on MODE (pin 13) and on LB (pin 21. In this mode, the data 
follows the same path except the FSK signal is routed to the 
high-band band-pass filter and the sample-and-hold signal is 
routed through the low-band band-passfilter. (See Figure 4b.) 
In the analog loopback originate or channell 
mode, a logic 
high level is placed on MODE (pin 13)and on LB (pin 2). This 
mode is used for a self check of the modulator, demodulator, 
and low-band pass-band filter circuit. The modulator side is 
configured exactly like the originate mode above except the 
line driver output lTxA pin 17)is switched to the negative input 
of the hybrid op-amp. The RxA2 input pin is open in this mode 
and the noninverting input of the hybrid circuit is connected 
to VAG. The sample-and-hold output bypasses the filter so 
that the demodulator receives the modulated Tx data (see 
Figure 401. This test checks all internal device components 
except the high-band band-pass filter which can be checked 
in the answer or channel 2 mode loopback test. 
In the analog loopback answer or channel 2 mode, a logic 
low level is placed on MODE (pin 13) and a logic high level 
on LB (pin 2). This mode is used for a self check of the 
modulator, demodulator, and high-band pass-band filter cir- 
cuit. This configuration is exactly like the originate loopback 
mode above, except the signal is routed through the high- 
band pass-band filter. (See Figure 4d.) 
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CARRIER DETECT TIMING 
ADJUSTMENT 


The value of a capacitor, CCDT at COT (pin 4) determines 
how long a received modem signal must be present above the 
minimum threshold levelbefore CD (pin 3) goes low. The CCDT 
capacitor also determines how long the CD pin stavs low after 
the received modem signal goes below the minimum threshold. 
The CD pin is used to distinguish a strong modem signal from 
random noise. The following equations show the relationship 
between tCDL, the time in seconds required for CD to go low; 
tCDH, the time in seconds required for CD to go high; and 
CCDT, the capacitor value in I'F. 


Valid signal to CD response time: 
tCDL = 6.4 x CCDT 


Invalid signal to CD off time: 
tCDH = 0.54 x CCDT 


Example: 
tCDL = 6.4 x 0.1 I'F = 0.64 seconds 


tCDH =0.54 x 0.1 I'F =0.054 seconds 


CARRIER DETECT THRESHOLD ADJUSTMENT 


The 
carrier 
detect 
threshold 
is set by internal 
resistors 
to 
activate CD with a tvpical - 44 dBm (into 600 Ol signal and 
deactivate CD with a tvpical - 47 dBm signal applied to the 
input of the hybrid circuit. The carrier detect threshold level 
can be adjusted bV applying an external voltage on CDA (pin 
7J. 
The following 
equations may be used to find the CDA 


voltage required for a given threshold voltage. (Van and Voff 
are in volts RMS.I 


Example !internallv 
set) 


Van =4.9 mV = -44 dBm: VCDA =244 x4.9 mV= 1.2 V 


Voff =3.5 mV = -47 dBm: VCDA =345x3.5 
mV= 1.2 V 


Example (externallv 
setl: 


Van =7.7 mV = -40 dBm: VCDA =244x 7.7 mV= 1.9 V 


Voff = 5.4 roV = -43 dBm: VCDA = 345x 5.4 mV = 1.9 V 


The CDA pin has an approximate Thevenin equivalent volt- 


age of 1.2 V and an output impedance of 100kO. When using 
the internal 1.2 volt reference a 0.1 I'F capacitor should be 
connected between this pin and VSS. (See Figure 5.) 


TRANSMIT 
LEVEL ADJUSTMENT 


The power output at TxA (pin 171is determined bVthe value 
of resistor RTLA that is connected between TLA (pin 20) to 
VDD (pin 6l. Table 3 shows the RTLA values and the corre- 
sponding power output for a 600 0 load. The voltage at TxA 
is twice the value of that at ring and tip because TxA feeds 
the signal through a 600 0 resistor RTx to a 600 0 line trans- 
former. (See Figure 7.) When choosing resistor RTLA, keep 
in mind that - 9 dBm is the maximum output level allowed 
from a modem onto the telephone line (in the U.S.l. 
In ad- 


dition, keep in mind that maximizing the power output from 
the modem optimizes the signal-to-noise ratio, improving ac- 


curate 
data 
transmission. 


Output Transmit 
Level 
RTLA 
(Typical into 60001 


-12 dBm 
00 
-11 dBm 
19.8kO 
-10 dBm 
9.2 kO 
-9 dBm 
5.5 kO 


THE LINE DRIVER 


The line driver is a power amplifier used for driving the 
telephone line. Both the inverting and noninverting input to 
the line driver areavailablefor transmitting externally generated 


tones. 


Exl (pin 18) is the noninverting input to the line driver and 
gives a fixed gain of 2 (Ai = 50 kOl. The average signal level 
must be the same as VAG to maintain proper operation. This 
pin should be connected to VAG if not used. 
The driver summing input (DSI, pin 1) maV be used to 
connect an external signal, such as a DTMF dialer, to the 
phone line. When applving a signal to the DSI pin, the mod- 
ulator should be squelched bV bringing SOT (pin 14)to a logic 
high level. DSI MUST be left OPEN if not used. 
. 
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In addition. the OSI pin is the inverting side of the line driver 
and allows adjustable gain with a series resistor ROSI. (See 
Figure 6.' The voltage gain. AV. is determined by the equation: 


AV=-~ ROSI 


Example: A resistor value of 20 kO for ROSI will provide unity 
gain. 
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EIA·2J2.0 


600 
RIO 
5 
08·25 


10 
-{)o- 
CONNECTOR 


10 "f 
+ 
16 
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Ell 
013 
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7 NC 
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0.1"fl 


10 
f8 
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0.1 
"f 
NC 11 
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Conllg 
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® MOTOROLA 


0-300 BAUD FSK MODEM 


lhe 
MC145445 ISa Silicon-gate CMOS frequency shift keYing IFSK) 
modem Intended for use In Bell 103/113 and CCI1T V 21 applications 
Features of the device Include_ 


• 
Bell 103/113 Answer and Ollglnate Compatible, 0-300 Baud 


• 
CCITT V_ 21 Modes 1 and 2 Compatible, 0-300 Baud 


• 
Eight Selectable RTS to CTS 'Delay Options 


• 
Answer-Back Tone Generator IU S, and CCIlT Tones) 


• 
Carller Detect Input 


• 
TTL Compatible 


• 
22 Pin Package 


• 
Compatible to the MC145440 Bell 103 or MC145441 CClll 
V, 21 


Modem Filter 


300 BAUD 
FSK MODEM 


l SUFFIX 


CERAMIC 
PACKAGE 


CASE 
736 


P SUFFIX 


PlA$ 
TIC 
PACKAGE 


CASE 
700 


Rll 
Data 


I~ 
W 
L~ 
~ 


PIN ASSIGNMENTS 


Tx Car 
22 
VDD 


CTS 
21 
Tx Test 


CTC 
20 
Tx Data 


19 
An Bk 


CTA 
18 
Type 


RTS 
17 
NC 


N.C. 
16 
ST 


Ax Data 
15 
Mode 


CD 
14 
XOUI 


DMO 
13 
X,n 


Rx Car 
12 
VSS 


Rating 
Symbol 
Value 
Unit 


DC Supply 
Voltage 
VDD 
10 
V 


Input Voltages, 
All Inputs 
V,n 
VSS-0.5 
to VDD+O 
5 
V 


DC Current Dram per Pm 
lout 
mA 
Pin 3·6. 9. 15. 16. lB. 
19. 20 
10 


Pins 2. 8 
35 


Operating Temperature 
Range 
TA 
o to + 70 
'C 


Storage 
Temperature 
Range 
Tstg 
-5510 
+150 
'C 


Parameter 


DC Supply 
Voltage 


Characteristics 
Symbol 
Min 
Typ 
Max 
Unit 


Input High Voltage 
VIH 
- 
- 
- 
V 
Pins 3·6. 9. 15. 16. 18. 19. 20 
- 
28 
- 
- 


Pin 13. 11 
- 
40 
- 
- 


Input Low Voltage 
VIL 
- 
- 
- 
V 


Pin 3-6. 9. 15. 16. 18. 19.20 
- 
- 
- 
05 
Pin 13. 11 
- 
- 
- 
06 


Input 
Current 
I,n 
- 
- 
- 
~A 
All Inputs 
IVIL 0 VI 
- 
- 
- 
-50 


All 
Inputs 
Except 
Pins 
11, 
13, (VIH > 2.8 VI 
INote 
l) 
- 
- 
- 
500 


Output 
High 
Current 
(VOH 
= 24 
V) 
IOH 
- 
- 
- 
mA 


PIns 
2. 
8 (Test 
Load 
Al 
- 
075 
- 
- 


PinS 
10, 
21 
(Test 
Load 
81 
- 
075 
- 
- 


Output 
Low 
Current 
(VOL 
=04 
VI 
IOL 
- 
- 
- 
mA 


PIns 
2. 
8 !Tesl 
Load 
Al 
- 
12 
- 
- 


Pins 10. 21 lTesl 
Load BI 
- 
06 
- 
- 


Operating 
Current 
'DD 
- 
2.5 
6 
mA 


Input 
Capacitance 
Cin 
- 
- 
- 
pF 


All 
Except 
Pm 
13 
- 
- 
- 
12 


Pin 
13 (X1n) 
- 
- 
8 
- 


Output 
Capacitance 
Cout 
- 
- 
- 
pF 


All 
Except 
Pm 
14 
- 
- 
- 
12 


Pin 
14 
(XOU1) 
- 
- 
13 
- 


Transmit 
AiJdlo Signal 
Levell'Pln 
1 RL - 
10 kO (Note 
21 
- 
042B 
05 
0578 
Vp-p 


Total 
HarmoniC 
Distortion 
(2nd 
to 
14th) 
(Note 
2) 
THD 
- 
-50 
-40 
dB 


Characteristics 
Symbol 
Min 
Typ 
Max 
Unit 


Output 
Rise 
Time 
nest 
Load 
Al 
(PinS 
2, 
81 


'r 
- 
20 
100 
ns 


Output 
Rise 
Time 
nest 
Load 
Bl 
(Pins 
10, 
14, 
21 l 
Ir 
- 
20 
100 
ns 


Output 
Fall 
Time 
nest 
Load 
Al 
(PinS 
2, 
8) 
It 
- 
20 
100 
ns 


Output 
Fall 
TIme 
!Test 
Load 
Bl 
(PinS 
10, 
14, 
211 
If 
- 
20 
100 
ns 


Input 
Rise 
and 
Fall 
Times 
(Except 
Pin 
131 
tr 
tf 
- 
- 
1000 
.s 


Delay 
From 
RTS 
to 
CTS 
Id 
- 
1 
- 
.s 


NOTES 


1 
Active 
pull-up 
devices 
are 
used 
on 
these 
Inputs 
to allow 
interfacing 
to TTL 
devices 
The 
1m speCIfied 
IS a tranSitional load (not 
steady 
state) 


which 
IS drawn 
when 
the 
Input 
IS brought 
up 
to 2.8 V 
until 
the 
Internal 
pull~up devIce 
has 
raised 
the 
signal 
to 
the 
VDD 
level 


Measured 
In any 
mode 
uSing 
HP-3555B 
dB 
meter 
{or 
eQulvalentl 
with 
3 kHz 
flat 
filtering 


II 


II 


VDD, POSITIVE POWER SUPPLY (PIN 22) 
This ISnominally 5 0 V 


VSS, NEGATIVE POWER SUPPLY (PIN 121 


This ISusually 0 volts 


Tx Car, TRANSMIT CARRIER (PIN 1) 
The 
transmit 
carner 
output 
IS a 
16 step 
digitally- 
synthesIZed sine wave with an amplitude of 0 I VDD Ip-pl 
1± 10%1 and offset by a dc bias of 0 5 VDD I ± 10%1. The 
output load should be 10 kllohms or greater 


CTS, CLEAR TO SEND (PIN 2) 
The clear to send outrut goes low In response to a high- 
to-low translation of RTS follOWing a selected delay Isee 
CTA, CTB, CTC pin descnDtlon). ThiSoutput goes high Im- 
mediately after IDSSof RTS Dunng the time following ac- 
tivation of RTS and before the activation of CTS, Tx Data 


should 
be held m the mark 
condition 


CTA, CLEAR TO SEND SELECT A (PIN 5) 
CTB, CLEAR TO SEND SELECT B (PIN 41 
CTC, CLEAR TO SEND SELECT C IPIN 31 


RTS, REQUEST TO SEND IPIN 61 


The request 
to send mput 
controls 
data 
transmiSSIon 
from 
the modulator A low level enables the modulator Dutput and 
a high level will disable the modulator 
See Figure 1 


N_C., NO CONNECTION (PINS 7 AND 17) 
These pins are not bonded Internally They shDUldbe left 


open 
In normal 
operation 


Rx Data, RECEIVEDATA (PIN 8) 


The 
receive 
data 
output 
15 the serial data 
output 
from 
the 


demodulator 
Rx Data ISclamped high when CD IS nDt ac- 


tive. 


CD, CARRIER DETECT (PIN 9) 


When carner detect Input IShigh 111.the Rx Data output 


will be clamped to a high state When carner detect ISlow 
101,Rx Data output demodulates the Rx carner Input signal 


DMO, DEMODULATOR OUTPUT IPIN 10) 
The demDdulator output IS the output 01 the differential 


delay detector 
It IS used for production 
testing of the 
demodulatDr. In normal operatlDn, thiS pin should be left 
open 


Rx Car, RECEIVERCARRIER (PIN 111 


The 
receiver 
carner 
Input 
IS 
the 
FSK 
Input 
to 
the 


demodulator. ThiS signal should be the hard-limited Dutput 
of the receive filter, nDminally 50% 


Xin, OSCILLATIOR INPUT (PIN 13) 
Xout, OSCILLATOR OUTPUT (PIN 14) 
X,n should be dnven from either an AT-cut crystal or a 


digital Signal source at 3.6864 MHz ± 0.01%. When dnven 
by a crystal. a 15 megohm resisitor should be connected 
from X,n to Xout In parallel With the crystal. 


MODE (PIN 151 


The mode pin selects the palf Df frequencies used dunng 
mDdulatlon and demodulatlDn. A "0" 
on thiS Pin selects 


answer mode when Bell type ISselected or channel 2 wh"n 
CCITT type IS selected. A "1" on thiS pin selects onglnate 
mode when Bell type is selected or channell 
when CCITT 


type ISselected. 


ST, SELF TEST (PIN 16) 


When a high level ISplaced on thiSpin, the demodulator IS 
SWitched to the modulator frequencies las determined by 
MDde and Type Pins). The modulator should be looped back 
through the receive filter to the demodulator fDr self test 
lecho 
backl. 
LODpback can be done uSing a hardwlfe 


scheme. 
or automatically 
uSIng the tnternalloopback 
feature 
of the filter, such as fDund on the MC145440/41 


TYPE (PIN 18) 


ThiSpin ISused to select between Bell 103/113type opera- 


tion and CCITT V21 operation. When the type Input ponISa 
"1", 
Bell operation ISselected. When the type Input pin ISa 
"0", 
the CCITT standard ISselected. 


An Bk, ANSWER BACK (PIN 191 


The answer back Input causes the answer back tone to be 


transmitted 
The answer back tone IS 2025 Hz for the Bell 
mode and 2100 Hz for the CCITT modes When a high level 
ISplaced on the An Bk Input pon,the Tx Car ponWill output 
an answer back tone and CTS Will gD to a high state, regard- 
less of the state of RTS (see Figure I I 


Tx Data, TRANSMIT DATA (PIN 201 


The 
transmit 
data 
Input 
1$ the 
serial 
Input 
to 
the 
modulator. 
A high level causes a mark frequency to be 


transmitted. 
a 
low 
level 
causes 
a space 
frequency 
to 
be 
transmitted. 


Tx Test, TRANSMIT TEST (PIN 21) 


The 
transm,t 
test 
output 
IS a square 
wave 
representation 
of the modulator transmit frequency. It ISused for test pur- 
poses and should be left open In normal operation. 


eTe 
eTB 
eTA 
Delay' 


0 
0 
0 
Oms 


0 
0 
I 
26.7 ms 


0 
1 
0 
40.0 ms 


0 
1 
1 
60.0 ms 


1 
0 
0 
133.3 ms 


1 
0 
1 
213.3 ms 


1 
1 
0 
266.7 ms 


I 
1 
1 
426.6 ms 


,- 
I 
I 
I 
I 
VI 
c _I 


II 
I 


I 
I 


- 
- 
- - 
vec-l 
i 


Rl~3.1 
kG I 


±1% 


I 
I 


MMD7000 I 
or 
EQUIV. 


I 


L.:imul.ted T~o~ 
~ 


RL 


3.2 kG·I 
CT 
± I'll> 


Transmit 


Transmit 
Frequency 
Type 
Mode 
Data 
Spec 
Actual 
ApplicatK>n 


0 
0 
0 
1850 
1850.6 
cCin 
V 
21 
1 
1650 
1650 13 
0':300 
Baud. 
Channel 
2 


0 
1 
0 
1180 
1180 03 
.CCin V 21 
1 
980 
9799 
O-:JX) Baud. Channell 


1 
0 
0 
2025 
20255 
Bell 103 


1 
2225 
2226 09 
O-l:X> Baud. Answer Mode 


1 
I 
0 
1070 
1069.76 
Bell 103 


1 
1270 
12703 
0-3(X) Baud. Originate Mode 


,---- 
I 
I 
I 
I 
VI 
c _I 


II I 


I 
I 
L.:,mul.ted T~o~ 


-f~C~-l 


i 


Rl~6.19kG 
I 


±1% 


I 
I 


MMD7000 I 
or 
EQUlV. 


I 
---~ 


II 


I 


o A 


vDD 
_ 
5 to 6.5 Volts 


Analog »------, 


GND 
•• 


VSS~ 


VDD 


LI 
VDD 


VDD 


RIO 
2 k 


NOTES 


1. Optional 
Pot PI In lieu of R22 and R23 
2. J2. El to E3 for Bell 103. EI to E2 for cCln 
V.21 


3. For cCin 
operation, 
the MC145441 
should 
be used In lieu of the MCl45440 


Ring 


>IV\r---4 
TIp 


R24 
1011 


® MOTOROLA 


1200 BAUD 
FSK MODEM 


The MC145450 IS a silicon-gate CMOS frequency shift keYing IFSKI 


modem 
rntended 
for use rn Bell 202 and CCITT V.23 applications 


Features 
of the device 
Include 


• 
Bell 202 Compatible 0 to lBOOBaud Marn Channel 


• 
0 to 150 Baud Reverse Channel 


• 
CC1TT V 23 Mode 2 Compatible 0 to lBOOMain Channel 


• 
CCITT V 230 to 75 Baud Compatible 
Reverse Channel 


• 
TTL Compatible 


• 
Eight Selectable RTS-CTS Delay Options 


• 
Soft Turn-Off 
Capability 


• 
Answer Back Tone Generator IUS and CCITT Tonesl 


• 
Carner 
Detect 
Input 


• 
22 Pin Package 
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SUFFIX 


CERAMIC 
PACKAGE 


CASE 
736 


P SUFFIX 


PLASTIC 
PACKAGE 


CASE 
700 


Rx Data 
CD 


II 


PIN ASSIGNMENTS 


Tx Car 
VOO 


CTS 
21 
Tx Test 


CTC 
20 
Tx Data 


19 
An Bk 


CTA 
18 
Type 


RTS 
17 
NC 


STO 
16 
ST 


Ax Data 
15 
Mode 


eD 
14 
Xout 


OMO 
13 
X,n 


Ax Car 
11 
12 
VSS 


Rating 
Symbol 
Value 
Unit 


OC Supply 
Voltage 
VOO 
10 
V 


Inpul 
Voltages. 
All Inputs 
V,n 
VSS - 0.510 
VOO + 0.5 
V 


DC Current Drain per Pm 
lout 
mA 
Pin 3-6. 9. 15. 16. lB. 
19. 20 
10 
P,ns 2. 8 
35 


Operating Temperature 
Range 
TA 
o to + 70 
°C 


Storage 
Temperature 
Range 
Tstg 
-55 
to +150 
°C 


Characteristics 
Symbol 
Min 
Typ 
Max 
Unit 


Input High Voltage 
VIH 
V 


P,ns 3-7.9. 
15. 16. 18. 19. 20 
- 
28 
- 
- 


P,n 13. 11 
- 
4.0 
- 
- 


Input Low Voltage 
VIL 
V 


P,ns 3-7.9. 
15. 16. 18. 19. 20 
- 
- 
05 


P,n 13. 11 
- 
- 
0.6 


Input Current 
I,n 
,A 


All Inputs 
IV,L 0 VI 
- 
- 
-50 


All Inputs 
Except 
P,ns 11. 13. IVIH>2 
8 VllNote 
11 
- 
- 
600 


Output High Current (VOH - 24 
VI 
10H 
mA 


P,ns 2. 8 lTest 
Load AI 
075 
- 
- 


P,ns 10. 21 lTest 
Load B1 
0.75 
- 
- 


Output 
Low Current (VOL =OA 
VI 
10L 
mA 


P,ns 2. B lTest 
Load AI 
12 
- 
- 


P,ns 10. 21 lTest 
Load BI 
0.6 
- 
- 


Operating Current 
100 
- 
25 
6 
mA 


Input Capacitance 
Cm 
pF 
All Except Pm 13 
- 
- 
12 


PI" 13 (X1n) 
- 
B 
- 


Output Capacitance 
Cout 
pF 
All Except Pin 14 
- 
- 
12 


Pin 14 (Xout) 
- 
13 
- 


Transmit 
AudIO Signal 
Level (Pin 1 AL -10 
kG (Note 2) 
- 
0428 
05 
0578 
Vp-p 
Total Harmonic Distortion (2nd to 14th) (Note 2) 
THO 
- 
-50 
-40 
dB 


Characteristics 
Symbol 
Min 
Typ 
Max 
Unit 


Output 
Rise T,me IT est Load Al (Pins 2, 8J 
tr 
- 
20 
100 
"5 


Output 
Rise Time (Test Load B) (PinS 10. 14, 21) 
tr 
- 
20 
100 
ns 


Output 
Fall Time lTest Load A) (PinS 2. 8) 
tf 
- 
20 
100 
ns 


Output 
Fall T,me ITest 
Load BI IP,ns 10. 14.211 
tf 
- 
20 
100 
ns 


Input Rise and Fall Times (Except PIn 13) 
tf 
tf 
- 
- 
1000 
,5 


Oelay From RfS to rn 
STO~ 
Low 
tdllowl 
- 
1 
- 
,5 


Delay From RTS to CTS 
STO= 
H'gh 
tdlh,ghl 
183 
- 
21 7 
ms 


NOTES: 
1. Active pull-up deVices are used on these Inputs to allow Interfacmg to TTL deVices The Iln specified ISa transItional load (not steady state) 


which 
IS drawn when the Input IS brought up to 2.8 V until the Internal pull-up deVice has raIsed the sIgnal to the VOO 
level 


2. Measured In any mode uSing HP-3555B 
dB meter tor equivalent) WIth 3 kHz flat flltenng 


VDD. POSITIVE POWER SUPPLY (PIN 22) 
This IS nominally 5.0 V. 


VSS. NEGATIVE POWER SUPPLY (PIN 12) 
This ISusually a volts. 


Tx Car, TRANSMIT 
CARRIER (PIN 1) 
The 
transmit 
carrier 
output 
is 
a 
16 step 
digitally- 


synthesIZed sine wave with an amplitude of 0.1 VDD Ip-p) 
(± 10%1 and offset by a dc bias of 05 
VDD I ± 10%1. The 
output load should be 10 kilohms or greater. 


CTS. CLEAR TO SEND (PIN 2) 


The clear to send output goes low In response to a high- 


to-low 
translation 
of RTS following 
a selected delay lsee 
CTA. CTB. CTC pin descnptlonl. 
This output goes high Im- 


mediately after loss of RTS. Dunng the time following 
ac- 


tivation of RTS and before the activation of CTS. Tx Data 
should be held In the mark condition 


CTA, CLEAR TO SEND SELECT A (PIN 5) 
CTB. CLEAR TO SEND SELECT B (PIN 4) 
CTC. CLEAR TO SEND SELECT C (PIN 3) 


RTS, REQUEST TO SEND (PIN 6) 


The request to send Input controls data transmiSSion from 
the modulator. A low level enables the modulator output and 
a high level will disable the modulator 
See Figure 1 


STO. SOFT TURN OFF INPUT (PIN 71 
Activation 
of STO causes a 900 Hz tone to be transmitted 
and CTS to rematn active for 20 ms followtng 
the loss of 


RTS 
See Figure 5 


Rx Data, RECEIVE DATA (PIN 81 


The receIve 
data output 
IS the serial data output 
from 
the 
demodulator. 
Rx Data IS clamped high when CD IS not ac- 


tive. 


CD, CARRIER DETECT (PIN 9) 


When carrier detect tnput IShigh 111.the Rx Data output 
Will be clamped to a high state. When carrier detect IS low 
101.Rx Data output demodulates the Rx carrier input signal 


DMO. DEMODULATOR 
OUTPUT (PIN 10) 
The demodulator 
output 
is the output 
of the differential 
delay detector. 
It IS used for production 
testing 
of 
the 


demodulator. 
In normal operation, 
thiS pin should be left 
open. 


Rx Car, RECEIVER CARRIER (PIN 11) 


The 
receiver 
carrier 
input 
is 
the 
FSK 
input 
to 
the 


demodulator. 
This signal should be the hard-limited output 
of the receive filter, nominally 50%. 


Xin, OSCILLATIOR 
INPUT (PIN 13) 
Xout, OSCILLATOR OUTPUT (PIN 14) 


X,n should be driven from either an AT-cut 
crystal or a 


digital signal source at 3.6864 MHz ±0.01%. 
When dnven 


by a crystal. a 15 megohm 
reSlsltor should be connected 


from X,n to Xout In parallel with the crystal. 


MODE (PIN 15) 


The mode pin selects the pall of frequencies used dunng 
modulation and demodulation 
A "a" on thiS ptn selects for· 


ward channel operation, 
I e 
high-speed transmit 
and low· 


speed receIve 
A "1" 
on thiS pin selects reverse channel 
operation; 
I.e 
low-speed transmit and high-speed receive 


ST, SELF TEST (PIN 16) 


When a high level ISplaced on thiS ptn. the demodulator 
IS 
sWitched to the modulator 
frequencies and baud rate las 


determtned by Mode and Type plnsl. The modulator should 
be looped back through the receive ftlter to the demodulator 
for self test lecho backl 


N.C. NO CONNECTION (PIN 17) 
ThiS pin ISnot bonded Internally and should be left open In 


normal 
operation 


TYPE (PIN 181 


ThiS pin IS used to select Bell 202 type operation 
and 


CCITT V .23 operation 
When the type Input ptn ISa "1", 
Bell 
operation ISselected 
When the type Input ptn ISa "0". 
the 
CCITT standard ISselected 


An Bk. ANSWER BACK (PIN 19) 


The answer back Input causes the answer back tone to be 
transmitted. 
The answer back tone IS2025 Hz for the Bell 


mode and 2100 Hz for the CCITT modes When a high level 
ISplaced on the An Bk Input pin, the Tx Car pin Will output 
an answer back tone and CTS Will go to a high state. regard- 
less of the state of RTS {see Figure 11 


Tx Data, TRANSMIT 
DATA (PIN 20) 


The 
transmit 
data 
Input 
is 
the 
serial 
Input 
to 
the 
modulator. 
A high level causes a mark frequency 
to be 
transmitted, 
a low level causes a space frequency 
to be 
transmitted. 


Tx Test, TRANSMIT 
TEST (PIN 21) 


The transmit tp.st output 
IS a square wave representation 
of the modulator transmit Irequency. 
It is used for test pur- 
poses and should be left open In normal operation 
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CTC 
CTB 
CTA 
Delay· 


a 
a 
a 
a ms 


a 
a 
1 
26.7 ms 


a 
1 
a 
40.a ms 


a 
1 
1 
ooa 
ms 


1 
a 
a 
133.3 ms 


1 
a 
1 
213.3 ms 


1 
1 
a 
2667 
ms 


1 
1 
1 
426.6 ms 


Transmit 
Answer 


Transmit 
Frequency 
Back 
Type 
Mode 
Data 
Spec 
Actual 
Tone 
Application 


a 
2100 
2099 32 
CCITT V 23 75 Baud Rece,ve 
a 
a 
2100 
1200 Baud Transmit 
1 
1300 
1299 B6 
Forward Channel 


a 
450 
450 
CCITT 
V.23 
1200 Baud Receive 
a 
1 
2100 
75 Baud T ran5m,t 


1 
390 
390 5 
Reverse Channel 


a 
2200 
2199 52 
US 
150 Baud Receive 
1 
a 
2a25 
1200 Baud T,ansm,' 
I Bell 2021 
1 
1200 
1200 
Forward Channel 


a 
510 
509 73 
US 
1200 Baud Rece,ve IBel1 2a21 
1 
1 
390 
150 Baud Transmit 
1 
390 
390 5 
Reverse Channel 


/ 


td •• 
f+ 
•. 
tATS-CTS 
-.. 
~ 
_'STO 
..•. 


Data 
No SIgnal 
Data 
Data 
Data 
900 Hz 
No S'gn.' 


I 


r- --- 
--- 
-l 
r- --- 
--- 
-l 
I 
Y 
VCC 
I 
Y 
VCC 


I 
i 
I 
i 


I 
MMD6150 
Al =3.1 
kll I 
I 
MMD6150 
Al=619kll 
I 
±1% 
±l% 


I 
V, 
or 
EqUIIJ 
I 
V, 
or 
Equlv 


C _I 
I 
c _I 
I 


II 
I 
AL 
I 
II 
I 
Al 
I 
3.2 kll 
I 
±I% 
MMD7000 
I 
I 


32 
kll 
MMD7000 
I 
or 
EQUIV. 
±1% 
or 
EQuiv 


I 
I 
I 
I 


~,~ated 
T~o~ 
___ 
--.I 
~'mul.ted 
T~O~ 
___ 
--.I 
- 
Data Flow- 
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3 CTC 
4 CTB 
5 CTA 
6 RTS 
STO 
B Rx Data 
9 CD 


Tx Data 
An BK 19 


Type 
8 


5 Volts. ·--I--~" 
VCC 
10 
GrOund, 


1 


20PF 


MC54174HC163 


1 Reset 
VCC 16 
2 Clock 
Ripple 15 


3 PO 
Carry 


4 P1 
Out 
5 P2 
6 P3 
7 Enable P Enable T 10 
B GND 
Load 
9 


MC54174HC74 
1 Reset 
VCC 14 
2 Data 
3 Clock 1 
4 
Set 1 


I 


r - -- - - --- --- ---- ----, 


I 
I 
I 


To Carner 
14 
VCC 
Detect 
~ 


(Option) 
~~ 


_ 
MC54174HC04 


l'liC 


~U'liC 


® MOTOROLA 


The 
MC145472 
is a transceiver 
which 
provides 
an interface 
between 
the Interchip 
Digital 
link 
(IOL) and a twisted 
wire 
pair. 


Two 64 kbps data channels 
(B) and one 16 kbps signalling 
chan- 
nel 
(D) are provided 
to the 
MC145472 
by the 
IDL 
bus. The 
MC 145472 
reformats 
the channels 
and transmits 
the data on a 
twisted 
wire 
pair in accordance 
with 
the American 
National 
Stan- 
dard. The receiver 
portion 
of the MC1454 
72 separates 
the chan- 
nels and provides 
them to the IOL bus. This transaction 
occurs 
in 
both 
directions 
simultaneously, 
i.e. full 
duplex. 
A Serial 
Control 
Port is provided 
to efficiently 
control 
the 
MC145472. 
This 
is a 
common 
feature 
of the Motorola 
family 
of ISDN devices. 


ISDN 
U REFERENCE 


POINT TRANSCEIVER 


A single 
chip 
2B 10. 
Echo 
Cancelling, 
Adaptivly 
Equalized 
Transceiver 
Conforms 
to the American 
National 
Draft Standard 
for ISDN 
Basic Access 
1nterface 
for Application 
at the Network 
side of 
the NT, Layer 
1 Specification. 


Customer 
data (2B+D) 
provided 
to/from 
the Industrial 
standard 
Interchip 
Digital 
link 
(IDL) 
Control, 
Status, 
and Extended 
Maintenance 
functions 
provided 
via the Serial Control 
Port 
On Chip conformance 
with 
Activation/Deactivation 
as 
specified 
in the American 
National 
Draft Standard. 
Low 
power 
consumption 
when 
in the deactivated 
state 
Basic Maintenance 
functions 
provided 
on chip 
Extended 
maintenance 
functions 
provided 
via the Serial 
Control 
Port 
Pin selectable 
NT/LT 
mode of operation 
On chip transmit 
driver 
Low 
Power CMOS 


To 
Coupling 
Circuit 


Serial 
Control 
Port 
.1 
Control 


From 
Coupling 
Circuit 


II 


@ MOTOROL.A 


The MC145474 
ISDN 
S/Ttransceiver 
provides 
an economic 
VLSI 
layer 
one 
interface 
for 
use 
in 
network 
termination 
and 
terminal 
equipment 
applications. 
The 
MC145474 
conforms 
to 
the CCITI 
1.430 recommendations 
and provides 
the modulation/ 


line 
drive, 
demodulation/line 
receive 
functions 
required 
of the 
interface. 
In addition 
the 
MC145474 
provides 
the 
activation/ 


deactivation, 
error 
monitoring, 
framing, 
bit and octet timing. 
The 
MC145474 
also provides 
the control 
signals 
for the interface 
to 
layer 
two 
devices, 
multiframing 
capability 
and 
maintenance 
signaling 
channels. 
The MC 145474 
features 
the IOL digital 
inter- 
face for the exchange 
of Band 
0 channel 
information 
between 
ISDN 
components 
and 
systems. 
The 
MC145474 
provides 
an 
industry 
standard 
serial control 
port to program 
the operation 
of 
the transceiver. 


• 
Conforms 
to CCITI 
1.430 
Recommendations 
• 
Features 
the Interchip 
Digital 
Link 
(IOL) 
• 
Pin Selectable 
Terminal 
or Network 
Operating 
Modes 
• 
Industry 
Standard 
Microprocessor 
Serial Control 
Port 
• 
Supports 
1: 1 Transformers 
for Transmit 
and Receive 
• 
Extended 
Range Operation 
• 
Supports 
Multiframing 
S & Q Channels 
• 
Optional 
B Channel 
Idle, Exchange, 
or Invert 
• 
Supports 
full 
range of Loopbacks 
• 
Low 
Power CMOS 
Operation 
• 
Supports 
Low 
Power Wake-Up 
Mode 
• 
Supports 
Crystal 
or Clock Input 


TRANSCEIVER 
MODES 
OF OPERATION 


The 
MC145474 
ISDN 
S/T 
transceivers 
operate 
in 
one of two 
pin selectable 
modes 
of operation, 
the net- 
work 
terminating 
(NT) 
mode, 
and 
the 
terminal 
(TE) 
mode 
of operation. 
The transceivers 
operate 
on a four 
wire 
circuit 
with 
one 
pair of wires 
dedicated 
to each 
direction 
of transmission. 
The line rate of transmission 
is 
192k 
bit/s 
(192k 
symbol/s). 
The data bits are encoded 
in the one 
bit per baud, 
100% 
pulse 
width, 
Alternate 
Mark 
Inversion 
(AMI)" 
format. 
The 
192k 
bit/s 
data 
streams 
carry two 
B channels 
of data at 64k 
bit/s 
each, 
and one 0 channel 
for signaling 
and data, at 16k bit/so 


The additional 
bits in the 192k 
bit/s 
stream 
of informa- 
tion are used to maintain 
proper operation 
of the data link 
atthe 
physical 
level. The range ofthe 
MC145474 
(S/T) 
Transceiver 
is 2 Km over 26 AWG cable (approximately 
24 dB of insertion 
loss). 
The transceivers 
are capable 
of point to point, as well 
as point to multipoint 
operation. 
Point to point operation 
implies 
that 
only 
one transmitter 
and one receiver 
are 
active at anyone 
time 
in each direction 
of transmission. 


PIN ASSIGNMENTS 


Vss 
U 
22 
Vdd 


RESET 
2 
21 
TX+ 


IDLSYNC 
3 
20 
TX - 


IDLCLK 
4 
19 
RX 


IDLTX 
5 
18 
VAG 


IDLRX 
6 
17 
ISET 


SCPSEL 
7 
16 
DGRANT IFSYNC 


SCPCLK 
8 
15 
DREQUEST/FIX 


SCPTX 
9 
14 
TE/NT 


SCPRX 
10 
13 
XTAL 


IRQ 
11 
12 
EXTAL 


Point to multipoint 
operation 
implies 
that more than one 
TE, may be active simultaneously. 
The basic wiring 
con- 
figuration 
for both 
modes 
of operation 
is illustrated 
in 
Fig. 2/1.430. 
The wiring 
ofthe 
transmit 
sections 
of each 
TE device must 
be matched 
in polarity 
in the multipoint 
configuration. 


In 
addition 
to 
the 
modulation/line 
drive, 
and 
de- 
modulation/line 
receive functions 
involved 
with the data 
transmission, 
the MC1454 
74 S/T transceiver 
provides 
the 
activation/deactivation, 
error 
monitoring, 
framing, 


bit and octet 
timing 
required 
of the interface. 
The S/T 
transceiver 
also 
features: 
Link 
Access 
Protocol 
0 
channel 
(LAPD) 
interface 
controls, 
multiframing, 
and 
maintenance 
signaling 
channels. 
A serial control 
port is 
provided 
to gain access 
to the control 
registers 
within 
the S/T transceiver, 
which 
govern 
the overall 
operation 
of the device. 
Figs. #2 
and #3 
provide 
functional 
block 
diagrams 
of the MC1454 
74 S/T 
transceiver 
in the NT 
and TE modes 
of operation. 


INTERCHIP 
DIGITAL 
LINK 


The 
MC145474 
S/T 
transceiver 
will 
feature 
the 
Interchip 
Digital 
Link 
(IDL) 
for the 
exchange 
of digital 
information 
between 
ISDN 
components 
and 
systems. 


The IDL interface 
will 
be featured 
on all Motorola 
com- 
ponents 
in the 
ISDN 
family 
of components 
in order 
to 
insure system 
compatibility 
in differing 
applications 
and 
partitionings 
of the ISDN network 
components. 
The IDL 
interface 
itself operates 
in one oftwo 
modes (master 
and 
slave). In the slave mode the IDL interface 
receives 
data 
clock, 
and frame 
synchronization 
information 
(typically 
from the network). 
In the master 
mode the IDL interface 
supplies 
the data clock, 
and frame 
synchronization. 
In 
both modes there are separate 
I/O lines for transmit 
and 


receive data. In total, each IDL port is a four wire interface 
consisting 
of a frame 
sync signal which 
is periodic 
at an 
8 kHz rate, a continuous 
data clock signal, a transmit 
data 


output, 
and a receive 
data input. 


D CHANNEL 
CONTROL 


The TE mode 
S/T 
transceivers 
provide 
two 
control 
lines for the control 
of the 
D channel. 
These 
lines 
are 
used to indicate 
the 
beginning 
and ending 
of layer 
2 
frames, 
D channel 
collisions, 
and when 
the 
D channel 
may be used by layer 2 devices. 
The priority 
CLASS 
is 
selected 
by a control 
bit within 
the 
serial 
control 
port 
(SCP). 


LOOPBACKS 


Each transceiver 
has the 
capability 
of 
looping 
data 
back to the source 
that originated 
the data. These loop- 
backs 
also 
exercise 
a 
substantial 
portion 
of 
each 
transceiver's 
internal 
functional 
blocks. The combination 
of 
loopbacks 
provides 
the 
capability 
of 
testing 
the 
transmission 
loop 
or the 
data 
path 
prior 
to the 
loop. 


Typical 
loopback 
configurations 
allow 
data received 
by 
the demodulator 
circuit 
to be buffered 
and modulated 
back to the source of that data. Data received 
via the IDL 
interface 
also has the capability 
of being 
buffered 
and 
then 
returned 
to the output 
side 
of the 
IDL interface. 


Each loopback 
function 
may operate 
in a transparent, 
or 
non-transparent 
manner. 


MULTI FRAMING, 
S and a CHANNELS 


The MC1454 
74 S/T 
transceivers 
provide 
means for 
the establishment 
of a multiframe 
between 
the NT and 
TE transceivers. 
The multiframe 
format 
establishes 
an S 
channel 
from the NT to the TE and a Q channel 
from the 
TE to the 
NT. The Sand 
Q channels 
may be used to 
establish 
a layer 1 signaling 
capability 
for maintenance 
of the S/T 
loop. 


SERIAL 
CONTROL 
PORT 
The MC1454 
74 S/Ttransceivers 
provide 
a four wire 
serial 
port to program 
the operation 
of the transceiver, 
receive 
status, 
and 
data 
from 
the 
transceivers. 
The 
operation 
of the S/T 
transceiver 
is controlled 
by setting 
and clearing 
the bits of the control 
registers 
within 
the 
S/T 
transceiver. 
The serial control 
port is directly 
com- 
patible 
with 
the 
Motorola 
Serial 
Peripheral 
Interface 
(SPI) and the NSC MicroWire 
Plus (TM) 
industry 
stan- 
dard microprocessor 
serial interfaces. 
The Serial Control 
Port 
(SCP) gives 
the 
MC145474 
S/T 
transceiver 
an 
architecture 
which 
is economic 
for 
LT, NT, TE and TA 
appl ications. 
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ACTIVATION 
DEATIVATION 
CONTROL 
LOGIC 


SCPCLK 


SCPRX 


CHANNEL 
DEMULTIPLEX 
& 
DEMODULATOR 


RECEIVE 
INFORMATION 
STATE 
DETECTOR 


~ISET 


CHANNEL 
MULTIPLEXER 
& MODULATOR 
CONTROL 


DPLL 
ADAPTIVE 
TIMING 
RECOVERY 


MAIN 
CLOCK 
GENERATOR 


ADAPTIVE 
THRESHOLD 
CIRCUIT 


IDL 
INPUT 
REGISTERS 


ACTIVATION 
DEACTIVATION 
CONTROL 
LOGIC 


CHANNEL 
DEMULTIPLEX 
& 
DEMODULATOR 


RECEIVE 
INFORMATION 
STATE 
DETECTOR 


-r--ISET 


CHANNEL 
MULTIPLEXER 
& MODULATOR 
CONTROL 


DPLL 
ADAPTIVE 
TIMING 
RECOVERY 


MAIN 
CLOCK 
GENERATOR 


ADAPTIVE 
THRESHOLD 
CIRCUIT 
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@ MOTOROLA 


The MC145488 
is a two-channel 
ISDN LAP-D 
controller 
with 
on-chip 
DMA 
controllers. 
It is intended 
for 
ISDN 
terminal 
and 
switch 
applications 
where 
one or two 
channels 
of data will 
use 


HDLC type protocols. 
The DDLC is ideally suited 
for use with 
the 
MC145474 
S/f 
Transceiver. 
The 
Inter-chip 
Digital 
Interface 
easily 
connects 
the 
chips 
together 
providing 
a powerful 
Layer 
One/Layer 
Two ISDN solution. 
A Serial Control 
Port is provided 
to 
efficiently 
control 
the MC1454 
74 or other 
ISDN family 
devices. 


The DDLC is compatible 
with 
the 68000 
asynchronous 
bus and 
other 
popular 
bus structures. 


• 
Two Independent 
Full-Duplex 
Bit-Oriented 
Protocol 
Controllers 
• 
Four DMA 
Channels 
64k 
byte Address 
Range with 
Expansion 
Control 
• 
Two 
Buffer 
Descriptors 
for Receiver 
Channel 
0 
• 
68000 
Bus Compatible 
16 or 8-Bit 
Data Bus 
• 
Bit-Level 
HDLC Processing 
including: 


Flag Generation/Detection 
Abort 
Generation/Detection 
Zero Insertion/Deletion 
CRC-CCITT Generation/Checking 
Residue 
Bit Handler 
• 
Frame Address 
Comparison 
• 
Interrupt 
Vector 
Generator 
• 
IDL Interface 
to MC1454 
74 
ISDN S/f 
Transceiver 
• 
Serial 
Control 
Port for ISDN 
Family 
Device 
Control 
• 
Flexible 
Serial 
Interface 
with 
Modem 
Control 
Signals 
• 
Compatible 
with 
V. 11 0 and 1.460 
• 
Compatible 
with 
DMI 
Specification 
3.1 
• 
Low 
Power 
CMOS 
with 
Automatic 
Power-Down 


Serial 
Control 


Port 


IDL 


Interface 


Channel 
0 


Protocol 


Controller 


r----- 
I 
I 
I 


IDL SYNC 0 
IDL SYNC 
1 
IDL CLK 


IDL Tx 
IDL Rx 
DREG 


DGNT 


SCP EN 2' 
SCP EN l' 


SCP CLK 


SCP Tx 
SCP Rx 


Ch 0 RTS' 
Ch 0 CTS' 


Ch 0 CD' 
Ch 1 CD' 


IRQ' 


lACK' 


BEC' 
RSP 
BR' 
BG' 


BGACK' 


OWN' 


AS' 


LDS' 


UDS' 
RW' 


DTACK' 


BUS 
BUSW 
MCLK 
TEST 


Vss 


Tx & Rx 
FIFOs 


.-- 
---I 
I 
I 
I 
Modem 
I 


• 
Interface 
I 
: 
J 


Channel 
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Protocol 


Controller 
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1.1 
OOlC 
OVERVIEW 


The MC145488 
Dual Data link 
Controller 
(DDlC) 
is a 
high-performance 
CMOS 
two-channel 
protocol 
con- 


troller with on-chip DMA. Each channel has a full-duplex 
transceiver 
with 
independent 
protocol 
controllers 
to 
handle the bit-level tasks of HDlC-type 
bit-oriented 
pro- 
tocols 
including 
LAP-8 
and lAP-D. 
Each channel 
has 
dedicated 
DMA controllers 
for transmit 
and receive. A 
transparent 
mode is provided 
which 
bypasses the pro- 
tocol circuitry 
so that data may be directly 
DMAed 
bet- 
ween 
the 
host 
processor's 
memory 
and 
the 
serial 
interface. 
The microprocessor 
interface 
is configurable 
to 68000-based 
structures 
or other popular buses. 


The serial data interface has two modes: IDl/SCP 
and 
modem. In the IDl/SCP 
mode for ISDN applications. 
the 
IDl 
bus is supported 
with access control 
lines to the D- 
channel included. 
Two communication 
channels can be 
active; both B-channels 
or the D-channel 
and either 
B- 


channel. 
A Serial 
Control 
Port 
(SCP) is provided 
so 
systems 
may 
be constructed 
using 
a serial 
control 


mechanism 
to simplify 
wiring. 
In the modem mode each 
transceiver 
channel 
has its own separate transmit 
and 
receive 
clock 
inputs 
along 
with 
modem 
control 
lines 


(RTS. CTS and CD). 


The DDlC 
has an automatic 
power-down 
feature that 
reduces 
power 
consumption 
when 
the 
chip 
is idle. 
When both transceiver 
channels are idle and the CS" or 
lACK" pins are inactive. the DDlC enters the low power 
state. When 
the CS" or lACK" 
pins are activated 
for a 


register read/write 
or vector acquisition. 
the chip enters 
the normal power state forthe 
duration of the access and 
for any time required 
for internal 
processing. 


Two internal 
loopback 
functions 
and a test mode are 


available. The loopbacks 
are controlled 
by the host for 
on-line maintenance. 
The test mode is pin activated and 
provides 
access to the internal 
state machines. 


1.2 
HOlC 
OVERVIEW 


HDlC 
(High-level 
Data link 
Control) and its descen- 
dents. lAP-B 
(link 
Access Protocol-Balanced) 
and LAP- 
D (link Access Protocol for the D~hannel). are bit-<>riented 
synchronous 
protocols 
which 
are 
finding 
increased 
usage in data communication 
systems. 
lAP-B 
and lAP- 
D share the basic format 
of HDlC 
but differ 
in certain 
aspects of the software 
implementations. 


TheDDlC 
in the HDlC 
mode transmits 
and receives 
data in a format 
called a frame. All frames start with 
an 
opening 
flag and end with 
a closing 
flag. Between 
the 
flags. a frame 
contains 
an address 
field. 
control 
field. 


information 
field and a Cyclic Redundancy 
Check field 
(CRC). 


Flag - The flag isthe unique binary pattern (01111110). 
It provides the frame boundary 
and a reference 
for the 
position of each field of the frame. The DDlC transmitter 
generates 
a flag pattern internally 
and the opening 
flag 
and closing flags are appended to a frame automatically. 
Two successive 
frames can share one flag for a closing 
flag of the first frame and for the opening flag of the next 
frame. The receiver 
searches 
for a flag on a bit-by-bit 
basis and recognizes 
a flag at any time. 
The receiver 
establishes 
the frame synchronization 
with 
every flag. 
The flags 
mark the frame 
boundary 
and reference 
for 
each field 
but they 
are not transferred 
to the 
receive 
FIFOs. 


Address 
Field - The 8 or 16 bits following 
the open- 


ing flag comprise 
the address field. The address field is 
used to distinguish 
between the various devices in a net- 
work. 
Devices receiving 
frames 
not addressed 
to them 
may discard 
and 
ignore 
the 
frames. 
The 
DDlC 
has 
address recognition 
circuitry 
included which relieves the 
host from this task. 


Control 
Field - The 8 or 16 bits following 
the address 
field are the control field. Commands 
and responses bet- 
ween the devices 
in a network 
are exchanged 
in this 
field. 


Information 
Field - This field follows 
the control field 
and precedes the CRC field. The information 
field con- 
tains 
the 
"data" 
to be transferred 
but 
is not always 
necessarily 
contained 
in every frame. 
The information 
field is not necessarily 
an integral 
number 
of octets 
in 
length. The DDlC 
receives non-octet 
frames 
as octets 
and lSB-justifies 
the extra "orphan" 
bits at the end of 
the field. The number 
of orphan 
bits is indicated 
in a 
residue register. 


Cyclic 
Redundancy 
Check 
Field - The 16 bits pre- 
ceding the closing flag are the CRC field. The polynomial 
x" + x" + x· + 1 is used both for the transmitter 
and 
receiver. 
Both the transmitter 
and receiver 
polynomial 
registers are initialized to all 'ones' prior to calculation 
of 
the CRC. The transmitter 
calculates the CRC on all bits of 
the frame except for the flags and transmits 
the comple- 
ment of the resulting 
remainder 
as the CRC field. The 
receiver 
performs 
the similar 
computation 
on all bits 
except for the flags and compares 
the result to FOB8 
(hex). When 
the 
result 
matches 
FOB8. the 
frame 
is 
accepted and the buffer 
is closed. CRC generation 
and 
checking are automatically 
performed 
by the DDlC. The 
CRC field is not transferred 
to the buffer 
in memory. 
If 
desired. 
frames 
with 
CRC errors 
can 
be discarded 
automatically. 
All CRC errors are logged in a counter. 


II 


II 


Zero 
Insertion 
and 
Deletion 
- Zero 
insertion 
and 
deletion 
which 
allow 
the 
content 
of the 
frame 
to 
be 
transparent 
is automatically 
performed 
by the DDLC. A 
binary 'zero' is inserted 
by the transmitter 
after any suc- 


cession offive 
'ones' within 
a frame (between 
flags). The 
receiver 
deletes 
a binary 
'zero' 
that follows 
successive 
five consecutive 
'ones' 
within 
a frame. 


least seven consecutive 
'ones' 
is interpreted 
as an abort 


by the 
receiver. 
The 
receiver 
responds 
to an abort 
by 


clearing 
the FI FO, clearing 
the buffer 
in memory. 
It then 
begins 
searching 
for a new frame. 


Abort 
- The function 
of prematurely 
terminating 
a data 
link is called an 'abort'. 
The transmitter 
aborts a frame 
by 
sending 
eight 
consecutive 
'ones' 
when 
a system 
fault 
such as a FIFO underrun 
is detected. 
The reception 
of at 


Idle and Interframe 
Time 
Fill 
- When the transmitter 
is in an 'out 
of frame' 
condition 
(the transmitter 
is not 


transmitting 
a frame), 
it is in an idle state. Either a series 


of continuous 
flags (time fill) or a mark idle (consecutive 
'ones' 
on a bit-by-bit 
basis) 
may be selected. 
When 
a 


receiver 
receives 
15 
or 
more 
consecutive 
'ones', 
an 
interrupt 
is queued 
indicating 
the status 
to the host. 


This 
section 
will 
describe 
the 
internal 
blocks 
of the 
DDLC. 
The 
blocks 
include 
a serial 
interface 
with 
two 
modes 
of 
operation, 
two 
protocol 
controllers 
which 
handle the bit-level 
aspects 
of HDLC-like 
protocols 
and 
four 
FIFOs which 
buffer 
the data. A four-channel 
DMA 
controller 
and a microprocessor 
interface 
block connec- 
ting 
the 
DDLC to the 
host 
system 
along 
with 
a Serial 
Control 
Port which 
provides 
serial 
communication 
to 
devices 
in 
ISDN 
applications 
are also 
included. 
The 
following 
paragraphs 
will 
describe 
the operation 
of the 
internal 
blocks. 


IDL CLK is an input which 
receives a continuous 
signal 
at 2.56 
MHz from the IDL bus master. 
For ISDN terminal 
applications, 
the MC1454 
74 SIT Transceiver 
is the IDL 
bus master which 
provides 
this clock. 
In other systems, 


frequencies 
such as 1.536 
M Hz or 2.048 
M Hz are use- 


able. IDL Tx is an output 
which 
is active only on assigned 


bits 
in the 
frames. 
For all other 
bit times, 
it is high- 


impedance. 
IDL Rx is an input which 
accepts 
bits only on 


assigned 
timeslots. 
IDL SYNC is an input which 
accepts 
a positive 
pulse 
one 
clock 
period 
wide. 
This 
signal 


indicates 
that the 20 clock 
periods 
following 
the pulse 
contain the IDL frame. This pulse occurs 
every 125 l's so 


that 
8000 
frames 
per second 
are exchanged 
between 
the bus master 
and the slaves. The DDLC has two 
IDL 
SYNC pins (IDL SYNC 0 and IDL SYNC 1), one for each 
channel, 
so that the two 
channels 
are not restricted 
to 


operating 
on the same IDL frame. Forterminal 
applications 
where there 
is only one IDL bus master, 
both SYNC pins 


will 
be connected 
together. 
IDL 
SYNC 
0 
is used 
for 
Channel 
0 and IDL SYNC 
1 is used for channel 
1. 


The 20-bit 
frames 
are broken 
into five bit-fields. 
The 


first eight bits contain 
data on the 64k 
bps B 1-channel. 


The 9th bit contains 
one bit of the D-channel. 
The 10th 
bit is an auxiliary 
bit which 
is not used by the DDLC. Bits 


11 - 18 contain 
the 64k bps B2-channel. 
The 19th bit is 
the 
second 
bit 
of the 
D-channel 
and 
the 
20th 
bit 
is 


another 
auxiliary 
bit which 
is not 
used 
by the 
DDLC. 


When 
the DDLC operates 
on the D-channel, 
it uses bit 9 
and 
bit 
19 of the 
IDL frame. 
The two 
bits 
cannot 
be 
separated. 
The D-channel 
is a 16k bps channel 
which 
is 
used for communication 
between 
an ISDN terminal 
and 
the network. 
Channel 
1 of the DDLC is primarily 
inten- 
ded for use with the IDL D-ehannel 
and directly 
supports 


2.1 
SERIAL 
INTERFACE 


The DDLC serial interface 
has two modes of operation: 


the IDVSCP 
mode and the modem 
mode. This section 
will 
describe 
the operation 
of these 
modes. 


2.1.1 
Interchip 
Digital 
Link 
(lOLl 
Interface 


The IDL Interface 
is a full-duplex 
four wire serial inter- 
face used to interconnect 
various 
devices 
on an ISDN 
board 
level 
system. 
The 
IDL 
is used to distribute 
the 
several 
channels 
of 
information 
on 
the 
ISDN 
Basic 
Access 
Interface 
(SIT 
bus) that has been processed 
by 
the MC 1454 
74 SIT 
Transceiver 
to the various 
devices 
on a board level ISDN product. 
Data on five independent 
channels 
is transferred 
in 20-bit 
frames 
every 
1251's 
providing 
160k bps bandwith. 
Two 64k bps B-ehannels 
and 
one 
16k 
bps 
D-channel 
along 
with 
two 
8k 
bps 
auxiliary 
channels 
are passed on the IDL Interface. 
The 
DDLC is an IDL slave which 
is clocked 
by the bus master. 


The following 
diagram 
indicates 
the relationship 
of the 
four 
IDL signals. 


IDL SYNC 11 
_ 
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the D-channel contention 
algorithm 
of the MC145474 
S/T 
Transceiver. 
The 
DDlC 
has 
the 
capability 
of 
handling 
data on either B-channel and the D-channel or 
on both of the B-channels 
simultaneously. 


When the DDlC is operating on the D-channel with the 
companion 
MC 1454 74 S/T 
Transceiver, 
Channel 
1 
with the DREQ and DGNT lines must be used to comply 
with 
the 
D-channel 
contention 
algorithm. 
When 
the 
DDlC 
has a data frame 
to transmit, 
it asserts 
DREQ 
(DREQ high). 
The 
S/T 
transceiver 
monitors 
the 
S/T 
Interface 
for 
activity 
on the 
D-channel 
and indicates 
when 
the channel 
is free 
by asserting 
DGNT (DGNT 
high). When 
DREQis high, the DDlC samples the DGNT 
pin on the falling edge of IDl 
ClK while 
IDl 
SYNC 1 is 
high. Transmission 
from the DDlC 
begins in the IDl 
D- 
bit time slots when the DREQ and DGNT are both active. 
If a D-channel 
collision 
is detected on the S/T Interface 
by the S/T transceiver, 
DGNT is negated 
(DGNT low). 
When 
a collision 
is detected, 
the 
colliding 
device 
is 
expected 
to 
immediately 
stop 
transmitting 
and 
re- 
transmit 
the frame at a later time when the D-channel 
is 
again free. If a collision is detected, the DDlC automatically 
aborts the frame in progress and prepares to retransmit 
the entire frame when the D-channel is again free. This is 
done without 
interrupting 
the host. 


Normally, 
all eight 
bits 
of an ISDN 
B-channel 
are 
grouped 
into one 64k bps bearer channel. However, a B- 
channel may be thought 
of as composed 
of eight 8k bps 
channels. 
CCITT specification 
1.460 
outlines 
a tech- 
nique 
where 
the 
individual 
bits 
in a B-channel 
are 
accessed and treated as individual 
channels. The DDlC 
has the capability 
of meeting the requirements 
of 1.460 
as it can access the individual 
bits in the B-channels 
for 
multiplexer 
or other non-ISDN 
applications. 
A bit mask 
register 
is provided 
for Channel 
0 and Channel 
1 to 
select the individual 
bits in the 8-bit field that are active. 
The B-channel Bit Mask Registers are programmed 
with 
'ones' 
in the 
positions 
where 
the 
bits are active 
and 
'zeros' where 
the bits are ignored. 
Note that the least 
significant 
bit is transmitted 
first. For example: 
if bits 2 
and 3 are to be used 
in a particular 
application, 
the 
coding 
in the Bit Mask Register would 
be 0000 
1100. 
The receiver will ignore all bits in bit positions other than 
b2 and b3. The transmitter 
will transmit 
only on these 
two bit positions. 
On all other positions 
it will 
be high- 
impedance. The Bit Mask feature is only useable on the 
B-ehannels 
when 
the 
IDl 
interface 
is used. In the D- 
channel 
or modem 
mode, the 
Bit Mask 
registers 
are 
disabled. 


2.1.2 
Serial 
Control 
Port (SCP) 


The DDlC 
has a Serial Control 
Port which 
is used to 
program 
external 
devices through 
a serial mechanism. 


The 
SCP is a four 
wire 
full-duplex 
communication 
system which 
exchanges 
8-bit 
bursts of data with 
SCP 
slave 
devices. 
The 
DDlC 
is an 
SCP master 
which 
generates 
the Enable and Clock signals. The following 
paragraphs 
describe 
the operation 
of the SCPo 


SCP EN 1 and SCP EN 2 are outputs which enable SCP 
slave devices. When low, the Enable signals indicate that 
the slaves are selected and should 
expect a data burst. 
SCP ClK 
is an output 
which 
provides the shift clock for 
the data. The clock is normally 
low until a burst of data is 
transmitted. 
Then the clock 
is active for eight 
pulses. 


SCP Rx is the input which 
accepts data from the slave 
devices. This pin is sampled on the falling edges of SCP 
ClK. 
SCP Tx is an output 
which 
provides 
data to the 
slave devices. New data bits are presented 
on the rising 
edges of SCP ClK. 
When 
a message 
is to be sent to a slave device, the 
information 
is placed in the SCPTx/Rx 
Register bits bO- 
b7. Then Enable 1 or Enable 2 (bits b8 or b9) in the SCP 
Status/Control 
Register are set to a logic one depending 
on the application. 
This activates the selected Enable pin 
to a logic low. The host then activates the Transmit 
bit 
(bit b10) 
and the SCP controller 
generates 
eight clock 
pulses on the SCP ClK 
pin and shifts 
the data on the 
eight 
rising 
edges. Data is shifted 
most significant 
bit 
first. The slave transmitter, 
at the same time, shifts 
its 
data (if any is ready) to the DDlC SCP Rx pin on the rising 
SCP ClK 
edges. The DDlC 
samples the SCP Rx pin on 
the falling SCP ClK edges and replaces the transmitted 
data with the received data in the Tx/Rx 
Register on a bit 
by bit. After the eight shifts have occurred, 
the Transmit 
bit 
(bit 
b 10) 
in the 
SCP Status/Control 
Register 
is 
cleared indicating 
that the exchange was completed. 
An 
interrupt 
is also queued at thattime. 
The hostthen 
resets 
the Enable 1 or Enable 2 (bit b8 or b9) which causes the 
Enable pin to return to a logic high. 
The user can select an appropriate 
baud rate for the 
application. 
Bits b 12 and b 13 in the SCP Status/Control 
Register select a tap on a divider 
chain. The SCP ClK 
signal is derived from the MClK 
through 
this chain. 


2.1.3 
Modem 
Interface 


If the SCP and IDl 
interfaces are not needed for a par- 
ticular 
application, 
an alternate 
serial 
interface 
is pro- 
vided in the DDlC. 
When the Modem 
Enable Bit in the 


II 


II 


Master Status/Control 
Register is set to a logic one, the 
IDL and SCP interfaces are disabled and a modem inter- 
face is substituted. 
This section will describe the opera- 
tion of the modem 
mode. In this discussion 
references 
will 
be made to pin names which 
are generic 
names 
associated with the seven modem pins on each channel. 
The actual pin names indicate the channel 
with 
which 
they are associated: 
e.g. Ch 0 TxD. 
A general 
purpose 
serial interface 
is provided 
in the 
DDLC 
where 
the 
two 
independent 
full-duplex 
data 
channels 
may be controlled. 
Each channel 
has seven 
pins associated 
with 
it. There are transmit 
and receive 


clock inputs 
(Tx CLK and Rx CLK), transmit 
and receive 
data pins (TxD and RxD) and modem control lines (RTS", 
CTS" and CD"). The transmit 
and receive clocks are all 
independent 
of each other and may be asynchronous 
to 
the microprocessor 
system clock (MCLK). These clocks 
may have a frequency 
of up to 2.56 
M Hz, but it must be 
noted that the data throughput 
of the DDLC is limited by 
the 
microprocessor 
bus 
bandwidth 
available 
to 
the 
DDLC. 
Data bits from the TxD pins are presented on the falling 
edges of the associated TxCLK. Data bits on the RxD pins 
are sampled 
on 
the 
rising 
edges 
of the 
associated 
RxCLK. The modem control 
lines are used to control the 
flow 
of data. Request-to-Send 
(RTS") 
is an active low 
output 
which 
indicates 
that 
the 
DDLC 
has data 
to 
transmit. Clear-ta-Send (CTS") is an input which indicates 
that the DDLC has permission 
to transmit. 
Bit b8 in the 
associated 
Transmit 
Status/Control 
Register 
indicates 
the current 
state of this pin. In the HDLC mode, if CTS" 
goes inactive (high) while a frame is being transmitted, 
the DDLC immediately 
aborts the frame and prepares to 
retransmit 
the aborted 
frame 
when 
CTS" again goes 
active. 
In the transparent 
mode when 
CTS" goes 
in- 
active, the DDLC simply stops transmitting 
and resumes 
where it left off when 
CTS" is again active. Carrier Detect 
(CD") is an input which 
indicates 
that the data on the 
RXD pin is valid. Bit bO of the associated 
Receive Status 
Register 
indicates 
the 
current 
state 
of this 
pin. 
An 
interrupt 
is queued when this pin changes 
state. 


Note: 
DGNTand CTS" are dual function pins associated 
with Channell. 
When the D-channel 
mode is selected, 
the pin becomes DGNTwhich 
is an active high signal. In 
the non D-channel 
mode or the modem 
mode, the pin 
becomes 
CTS", an active low signal. In either case, the 
internal 
bit in the Channel 
1 Transmit 
Status/Control 
Register 
indicates 
that 
the 
pin 
is active 
with 
a logic 
one. 


2.2 
PROTOCOL 
CONTROLLERS 


Two 
identical 
bit-level 
protocol 
controllers 
are pro- 
vided 
which 
perform 
HDLC 
framing 
and 
deframing. 


Additionally, 
the receivers have the capability 
of address 
screening 
along 
with 
detection 
and 
logging 
of 
CRC 
errors. This section 
will describe 
these blocks. 


2.2.1 
Transmitters 


Each channel's transmitter 
is designed to need as little 
intervention 
from 
the 
host 
processor 
as possible. 
To 
transmit 
a frame 
of data, the host merely 
informs 
the 
DDLC 
of the 
starting 
address 
of the 
data 
frame 
in 
memory and the length of the frame in bytes. The DDLC 
then 
transmits 
an opening 
flag 
and 
the 
data 
from 
memory. 
When the transmitter 
detects that the end of 
the frame has been reached, a CRC field and a closing 
flag are appended. 
Zeros are automatically 
inserted 
in 


the 
data to 
prevent 
it from 
imitating 
a flag 
or abort 
character. The transmitter 
will generate an abort charac- 
ter if the FIFa underruns. 
The transmitters 
remain in the 
idle state when Transmit 
Enable (bit bO of the Transmit 
Status/Control 
Register) 
is at logic zero. While 
in this 
state, 
ones 
are transmitted 
in 
selected 
bit 
periods. 


During 
interframe 
periods, the DDLC has the capability 
of transmitting 
continuous 
flags (7E hex) or continuous 
marks 
(FF hex) as selected 
by bit b2 of the Transmit 
Status/Control 
Register. 
For network-level 
fault 
isola- 
tion, the transmitters 
have the capability 
of generating 
faulty 
CRCs (bit 
b3 
of 
the 
Transmit 
Status/Control 
Register). 
The transmitters 
also continuously 
monitor 
the DGNT or CTS" pins and indicate the current state of 
the pins with Transmit 
Status/Control 
Register bit b8. 
The transmitters 
have two methods of indicating 
tothe 
transceiver 
or 
modem 
that 
they 
have data 
ready to 
transmit. 
In the normal mode, Request-to-Send 
is active 
(RTS" low) as long as the Transmit 
Enable bit is set. 


During 
interframe 
periods, 
either 
flags 
or marks 
are 
transmitted. 
Transmission 
actually 
begins 
when 
Clear- 
to-Send (CTS" low) is active. If CTS" goes inactive while 
a frame is in transmission, 
the frame is aborted and the 
DMA 
pointers 
are reset so that the frame 
can be re- 
transmitted 
without 
interrupting 
the host. For ISDN D- 
channel applications, 
Channel 
1 of the DDLC requests 
the D-channel from the MC1454 
74 SIT Transceiver 
by 
activating 
D-channel 
Request 
(DREG 
pin 
high) 
and 
begins transmitting 
when the SIT Transceiver 
indicates 
that the D-channel is clear by activating 
D-channel Grant 
(DGNT high). DREG remains active until the closing flag 
has been transmitted. 
If the SIT 
transceiver 
detects 
a 
collision 
on the D-channel, 
it aborts the colliding 
frame 
and indicates to the DDLC that the frame was aborted by 
negating 
DGNT 
(low). 
The 
DDLC stops 
transmitting, 


resets the DMA pointers and retransmits 
the data frame 
when 
DGNT goes active 
(high) 
indicating 
that the 
D- 
channel 
is again clear. 


There are several sources of interrupts 
in the transmit- 
ters. The Transmit 
Frame Complete 
Interrupt 
indicates 
that the closing flag of a frame has been transmitted. 
The 
DMA 
Complete 
Interrupt 
indicates 
that the DMA 
con- 
troller has transferred 
the last byte of data to the FIFa. If 
the FIFO underruns, 
the FIFO Underrun 
interrupt 
will be 
queued. 
If, while 
a DMA transfer 
is in progress, 
a bus 
error 
or address 
error 
is detected, 
the 
Bus 
Error 
or 
Address 
Error Interrupt 
will 
be queued. 


The transmitters 
have a transparent 
mode where 
the 
HDLC 
formatters 
are 
disabled 
and 
data 
is 
directly 
transmitted 
from 
memory. 
In this mode, transmission 
continues 
as long as CTS" is active (low). If CTS" goes 
inactive, transmission 
stops and resumes 
where 
it left 
off as soon as CTS" again goes active. 


2.2.2 
Receivers 


The receivers provide the complementary 
functions 
to 
those provided 
by the transmitters. 
The receiver is reset 
and idle until the Receive Enable bit is set. In the HDLC 
mode, the receiver begins searching for a flag character. 
When it is found, the selected address field of the frame 
is checked 
against two 
user programmable 
addresses 
and a hardwired 
address 
(FF hex). Either the first 
or 
second octet following 
the opening flag may be checked 
for an address 
match as selected 
by the LAP-B/LAP-D 
Mode Select bit (b5) in the Receive Control Register. If a 
match is found, the DDLC passes the frame of data tothe 
allocated buffer in memory. If no address match is found 


the OOLC resets the OMA pointers 
and searches for a 
new frame. If address comparison 
is not desired, it may 
be disabled 
and 
all data 
frames 
may 
be passed 
to 
memory. Zeros inserted 
by the transmitter 
are removed 
from the data before placing the bytes in memory. 


At the end of the frame, the CRC field is checked and if 
found 
to 
be correct, 
the 
OOLC queues 
an interrupt 
indicating 
that a good data frame has been received and 
is in memory. If the CRC is found to be in error, the OOLC 
resets the buffer 
pointers 
to the start of the buffer and 
searches 
for a new frame. 
This in essence clears the 
buffer 
and discards 
the frame 
in error. 
In certain 
in- 
stances, frames 
with 
CRC errors will 
be of interest. 
A 
control bit is provided so that frames with CRC errors can 
be passed to memory. 
A CRC error 
flag in the Receive 
Status/Control 
Register 
indicates 
tllat 
the frame 
is in 
error. 
All 
CRC errors 
are 
logged 
in the 
CRC Error 
Registers. 
The 
receivers 
have the 
capability 
of detecting 
and 
reacting to aborted frames. If an abort is detected 
(7 to 
15 consecutive 
ones with 
no inserted 
zeros), the DMA 
controller 
suspends 
activity 
on that channel and resets 
the buffer descriptor 
pointers 
so that the buffer may be 
reused on the next frame. The FIFO is cleared and the 
receiver searches for another frame's 
opening 
flag. 


The receivers have the capability 
of operating 
in non- 


octet aligned systems. 
The residue bit count 
indicating 
the number of orphan data bits at the end ofthe 
informa- 
tion field is placed in the three most significant 
bits ofthe 
associated 
Receive Frame Length 
Register. 
There are five sources of interrupts 
from the receivers. 
Receive OMA Complete indicates that a good frame was 
received and has been placed in memory. The Receive 
Idle 
interrupt 
indicates 
that 
15 
or more consecutive 


'ones' 
were 
received. 
Another 
interrupt 
is generated 
when the CD" pin changes state. This is the CD Interrupt. 
These 
interrupts 
are 
considered 
normal 
operation 
interrupts. 
Two other 
interrupts, 
related 
to fault 
con- 
ditions 
are the FIFO Overrun 
Interrupt 
and the Buffer 
Overrun Interrupt. 
When a FIFO overrun 
is detected, 
bit 
b8 of the Receive Status Register is set and OMA activity 
on that channel is suspended. 
If a received frame is too 
large forthe 
buffer in memory, the Buffer Overrun bit (b9 
or b 10) is set, OMA activity 
on that channel 
is suspen- 
ded and the Buffer Overrun 
Interrupt 
is queued. 


In 
the 
transparent 
mode, 
the 
OOLC 
passes 
the 
received data directly to memory. 
No HOLC de-framing 
is used. 


2.3 
FIRST-IN, 
FIRST-OUT 
BUFFERS 
(FIFOs) 


The protocol 
blocks of the OOLC are asynchronous 
to 
the M PU blocks 
so a buffer 
mechanism 
is required 
to 
synchronize 
the two sections. 
Four FIFOs, one for each 
receiver 
and 
transmitter 
channel 
provide 
the 
syn- 
chronization. 
They also buffer the data so OMA requests 
are minimized. 
This section will describe 
the FIFOs. 


2.3.1 
Receive 
FIFOs 


Each receiver 
has a FIFO which 
interfaces 
it to the 
OMA controller. 
The FIFO is an 8-bit 
by 4-byte 
buffer 
which 
can be read and written 
simultaneously. 
Serial 
bytes are produced 
by the receiver 
and converted 
to 
parallel. As each byte is formed, 
it is pushed 
into the 
FIFO. A counter 
in the FIFO controller 
keeps track ofthe 
occupancy of the buffer and requests that the OMA con- 
troller 
place a word 
of data (16-bits) 
in memory 
when 
there 
are two 
or more bytes in the 
FIFO. If the 
FIFO 


overruns 
because the OMA controller 
did not service a 
request, 
an interrupt 
is queued. 
When 
a receiver 
is 
operating 
at 64k bps, OMA requests from that channel 
will occur at approximately 
250 
~s intervals. 


A Tag bit which 
moves through 
the FIFO with the data 
is provided which indicates that the byte associated with 
the Tag is the last byte of a data frame. When the OMA 
controller 
detects the Tag, it closes the buffer in memory 
and queues an interrupt. 


2.3.2 
Transmit 
FIFOs 


Each transmitter 
has a FIFO which 
interfaces 
it to the 
OMA controller. 
The FIFO is identical to the receive FIFO 
except 
that 
the 
data flows 
in the 
opposite 
direction. 
When the host has a message to send, the OMA con- 
troller 
will fill the transmit 
FIFO and attempt 
to keep it 
full. A counter 
in the FIFO controller 
keeps track of the 
occupancy ofthe 
buffer and requests that the OMA con- 
troller 
load a word 
of data 
(16-bits) 
when 
the 
FIFO 
empties 
to two 
or less bytes. 
If the 
FIFO underruns 
because the OMA controller 
did not service a request, an 
interrupt 
is queued and the current 
frame 
in transmis- 
sion is aborted. A Tag bit scheme similar to that used in 
the receivers 
is implemented 
in the transmit 
FIFOs. 


2.4 
OMA 
CONTROLLER 


In order to relieve the host from 
critically 
timed 
data 
transfers 
to or from the protocol 
controllers, 
the OOLC 
provides 
four OMA channels, 
one for each transmitter 
and receiver. This section will describe the operation 
of 
the 
OMA 
controller 
and the various 
buffer 
descriptor 
registers. 


2.4.1 
OMA 
Operation 


When 
the OMA controller 
detects 
a service 
request 
from one of the FIFOs, it in turn requests 
ownership 
of 
the 
system 
bus 
from 
the 
host. 
When 
ownership 
is 
granted, 
the OMA controller 
assumes 
ownership 
and 
transfers data either to or from memory. Transfers are 16 
bits or 8 bits depending 
on the bus width and the type of 
request. 
In a 16-bit 
system, 
all transfers 
will 
be word- 
wide. If however, the number of bytes in a frame is odd, 
the last byte will 
be read or written 
as a byte. In 8-bit 
systems, all transfers will be 8 bits but two transfers will 
be made for every OMA request. 
The OOLC will 
attempt 
to service 
all pending 
OMA 
requests with one bus arbitration 
cycle. For example, 
if 
Receive 
Channel 
0 
and 
Transmit 
Channel 
1 
have 
requests 
pending, when the OOLC assumes ownership 
of the bus, both 
requests 
will 
be serviced 
before 
bus 
ownership 
is relinquished. 
The servicing 
mechanism 
does not prioritize 
requests. All requests are serviced in 
the 
order: 
Receive 
Channel 
0, 
Receive 
Channel 
" 
Transmit 
Channel 0 and Transmit 
Channel 
1. If Receive 
Channel 
0 
and 
Transmit 
Channel 
1 
have 
pending 
requests, and while Receive Channel 0 is being serviced, 
Receive Channel 1 generates a request. Receive Channel 
1 will be serviced before Transmit Channel 1. The OMA 
controller 
will 
relinquish 
bus ownership 
only when 
all 
requests have been serviced. This characteristic 
must be 
noted when 
using the OOLC at high serial data rates. 


When high speed data is transferred, 
the OOLC can con- 
sume 
excessive 
bus 
bandwidth 
and 
generate 
in- 
terrupts 
quickly. 
It is impossible 
to precisely 
predict what the OOLC's 
bus 
occupancy 
will 
be, 
but 
worst 
case 
with 
both 


channels operating full-duplex 
at 64k bps and an 8 MHz 
MCLK, approximately 
2% of the host's 
bus bandwidth 
will be consumed 
by the DDLC. 


2.4.2 
Buffer 
Descriptors 


As 
previously 
stated, 
the 
DDLC 
has 
four 
DMA 
channels. 
Pointer registers and counters are required so 
that the DMA controller 
knows where to place data in, or 
fetch 
data from 
memory. 
The two 
transmit' 
channels 
buffer 
descriptors 
are identical, 
but 
the 
two 
receive 
channels 
have different 
applications 
and thus different 
buffer descriptor 
structures. 


2.4.2.1 
Receive 
Buffer 
Descriptors 


The 
Receive 
Buffer 
Descriptors 
have a 16-bit 
Buffer 
Start Address 
Register, a 12-bit Buffer Length Register, 
a 12-bit 
Frame 
Length 
Register 
and a 3-bit 
Residue 
Register. 
The 
16-bit 
Start 
Address 
Register 
provides 
64k 
byte 
address 
range. 
The 
Buffer 
Start 
Address 
Register contains 
the address 
of the first 
word 
of the 
data buffer 
which 
will 
accept a data frame. The 12-bit 
Buffer Length Register indicates the length of the buffer. 
Buffers of up to 4096 
bytes may be built. The DMA con- 
troller 
will 
never place data outside 
of the boundaries 
set-up 
by these 
two 
registers. 
If a received 
frame 
is 
larger than a buffer, the Buffer Overrun interrupt 
will be 
queued and further 
activity on that buffer will be halted. 


The receiver will immediately 
enter the flag search state 
to look for a new 
frame. 
The fault 
condition 
will 
be 
indicated 
by the BufX Ovrn or BufYOvrn 
bits (b9 or b1 0 
of the Receive Status 
Register). 


Once a data frame has been completely 
received, the 
number 
of bytes 
received 
is indicated 
in the 
Frame 
Length Register. The number in this register is valid only 
when the Receive DMA Complete 
bit (b 1 in the Receive 
Status Register) is set to one. If non-octet aligned frames 
are received, the number of orphan bits (valid bits) in the 
last byte is indicated 
in the three most significant 
bits of 
the 
associated 
Receive 
Frame 
Length 
Register. 
For 
octet-aligned 
systems, 
the residue count will 
be zero. 


Channel 0 is intended 
for higher 
speed applications 
than Channel 
1, so a pair of buffer 
descriptors 
is pro- 
vided for this channel. These may be used alternately 
so 
that while one buffer is filling, another buffer is ready in- 
waiting. 
If back-to-back 
data frames 
are received, after 
the first buffer has been closed, the second is immediately 
ready for the 
next frame. 
There must 
be at least one 
buffer 
ready to accept data. If both descriptors 
are pre- 
pared, the X Buffer will be filled first then the Y Buffer. If 
no buffers 
are ready and the receive FIFO overruns, 
a 
FIFO Overrun 
interrupt 
will 
be queued 
indicating 
the 
overrun. 


Two Buffer Ready bits (Buf X Rdy and Buf Y Rdy, bits 
b 1 and b2 of the Receive Status/Control 
Register) are 
provided which 
allow the DMA controller 
to operate on 
that buffer. DMA activity on a receive channel will begin 
when there is data in the FIFO and a buffer 
ready bit is 
set. As the buffer fills, the byte count increments. 
When 
the last byte has been placed in memory and the CRC has 
been checked 
OK, the selected 
buffer 
ready bit (Buf X 
Rdy or Buf Y Rdy) is cleared halting future 
DMA activity 
on that buffer. 
There is one buffer descriptor 
for Channel 1. Since this 
channel 
is intended 
for operation 
at 16k bps, one des- 
criptor 
is sufficient. 
At 16k bps, if back-to-back 
frames 
are received, the host has approximately 
1000 
IJS to pre- 
pare another 
buffer 
before the FIFO overruns. 


A semaphore 
bit, the Buffer Active 
Bit, (Buf X Active 


and 
Buf Y Active 
for 
Channel 
0) 
is provided 
in the 


Receive Status 
Register for each buffer 
indicating 
that 
DMA 
controller 
is active on that 
buffer. 
If a buffer 
is 


active, the host should not modify the buffer descriptor, 
as the data may be placed in an unintended 
location. The 


current DMA address pointer is calculated 
by adding the 


byte count 
to the Buffer Starting 
Address. 
If the start 
address 
is modified, 
the DMA controller 
will 
place the 


next received 
byte n-bytes 
from 
the modified 
starting 
address 
where 
'n' is the current 
contents 
of the byte 


count 
register. 


2.4.2.2 
Transmit 
Buffer 
Descriptors 


When 
the 
host 
has a frame 
of data to transmit, 
it 
informs 
the DMA controller 
where 
the data resides in 
memory. 
A 16-bit 
register, 
the Transmit 
Buffer 
Start 


Address 
Register is used to point to the first word of the 
transmitted 
frame. The 16-bit address registers 
provide 


64k byte address range. The host programs the address 
of the first word to be transmitted 
into this register. The 
length of the data frame must also be given to the DMA 
controller 
so a 
12-bit 
register, 
the 
Transmit 
Buffer 
Length 
Register, 
is used to indicate 
the length 
of the 
frame 
in bytes. 
Frames of up to 4096 
bytes 
may be 
transmitted. 
An 
internal 
counter 
keeps 
track 
of the 


number of bytes transferred 
to the FIFO. When its count 


equals the 
number 
in the 
Buffer 
Length 
Register, 
an 
End-of-Frame Tag is generated and loaded into the FIFO 
along with the last byte and further 
DMA activity on that 
channel is suspended. 
The host prepares another frame 


by setting 
up another 
buffer descriptor 
and setting 
the 
Buffer 
Ready bit high. 


The Transmission 
Active 
bit 
(b12 
in the 
Transmit 
Status/Control 
Register) 
is a semaphore 
which 
in- 
dicates that the DMA controller 
is actively working 
on a 
data frame. Once the DMA controller 
has transferred 
the 
last byte of a frame to the FIFO, this bit is reset. The host 
should 
not modify 
a buffer 
descriptor 
if its associated 
semaphore 
bit 
is active 
or 
undesired 
data 
may 
be 
transmitted. 


Two interrupts 
related to the semaphore 
are produced. 


One is the DMA Complete interrupt 
which indicates that 
the last byte of data has been transferred 
to the transmit 
FIFO. For applications 
where 
back-to-back 
frames 
are 
desired, this interrupt 
should be unmasked. 
At 64k bps, 


the host has approximately 
625 
IJS before 
the trans- 
mitter 
enters 
the 
interframe 
time-fill 
state, 
so a new 
buffer descriptor 
should be set up in that time if back-to- 
back frames are desired to be transmitted. 


2.5 
MICROPROCESSOR 
INTERFACE 


The microprocessor 
block interfaces 
the internal 
16- 
bit bus to the host's 
8 or 16 bit bus. All timing 
con- 
version and buffering 
is also performed. 
This block has 
three modes of operation: 
system slave, system 
master 
and interrupt 
generator. 
This section 
will 
describe 
the 
operation 
of these three modes. 


2.5.1 
System 
Slave 
Mode 


When the DDLC is in this mode, it appears as memory 
to the host processor. The host can read or write to the 
registers 
in the DDLC. This mode is entered 
when the 
CS· pin is activated. 
Internal address decoding 
circuitry 


IS selected and the desired register is placed on the inter- 
nal bus for access by the host. Either 16 bit or 8 bit tran- 


sactions 
may be made as selected 
by the BUSW (bus 
width) 
pin. In certain systems the DDLC may appear to 
be a slow memory device, so a bus wait feature is sup- 
ported 
to request 
that 
wait 
states 
be inserted 
For a 
68000 
system, 
one 
wait 
state 
is 
used 
for 
each 
access. 


2.5.2 
System 
Master 
Mode 


During 
DMA operation 
the DDLC becomes a system 
master and controls 
the system 
bus. When 
one of the 
internal 
FIFOs requests 
a DMA 
transfer, 
the 
DDDLC 
negotiates 
with 
the system 
host for ownership 
of the 
bus. After 
successful 
negotiation, 
all pending 
DMA 
requests are serviced then the bus is relinquished. 
The 
DDLC has the capability of reading and writing 
data from 
or to memory. 
Either 16 bit or 8 bit data is transferred 
depending 
on the 
setting 
of the 
BUSW 
pin. 
If the 
memory 
system 
is slow, the DDLC inserts wait states 
until the memory completes 
the access. The DDLC has 
the capability 
of recovering 
from system faults such as 
address or bus errors. If one of these faults are detected, 
the DDLC will disable the particular DMA channel which 
encountered 
the fault and queue an interrupt 
indicating 
the fault. Other DMA channels requesting 
service will be 
serviced 
as soon as the fault 
signal 
is removed. 
The 
pointers in the DMA register which had the fault remain 
where 
they were when 
the fault was detected, 
so the 
host may investigate 
the problem. 


2.5.3 
Interrupt 
Operation 


The DDLC has 24 interrupt 
sources to inform the host 
of its status. One group of interrupts 
is normal operation 
interrupts. 
These inform the host that a particular 
task 
was 
completed 
and 
that 
further 
tasks 
are 
desired. 
Another group is bit handler faults which inform the host 
that a DDLC channel 
had a fault from which 
it cannot 
recover without 
assitance from the host. The last group 
of interrupts 
is the system 
faults. 
These 
include 
bus 
errors 
and 
address 
errors. 
When 
a 
DMA 
channel 
encounters 
one ofthese 
errors, it stops operation on the 
affected channel and informs 
the host that the channel 
had been disabled. 
All interrupts 
are maskable. 
In the 
case of the system 
faults, 
all channels' 
interrupts 
are 
enabled or masked as a group. 


The interrupts 
are presented 
to the host as a vector 
number 
in 
an 
Interrupt 
Acknowledge 
cycle. 
The 
interrupts 
are encoded into four bits so the DDLC's vec- 
tor 
space 
consumes 
16 
out 
of 
256 
locations. 
For 
applications 
not using 
vectored 
interrupts, 
the vector 
number 
is accessable 
in the 
Master 
Status/Control 
Register. 


The interrupts 
are queued 
internally 
and a priority 
mechanism 
is used to ensure that the most important 
interrupt 
is serviced first. 


II 


® MOTOROLA 


Advance Information 
PCM Codec/Filter Mono-Circuit 


The MCl45500, 
MCl45601, 
MCl45602, 
MCl45603, 
and MCl45505 
are all per 
channel 
PCM codec/filter 
mono-circuits. 
These devices 
perform 
the voice digitiza- 
tion and reconstruction 
as well as the band limiting 
and smoothing 
required 
for 
PCM systems. 
The MCl45500 
and MCl45603 
are general purpose 
devices that are 
offered 
in a 16-pin package. 
They are designed 
to operate 
in both synchronous 
and 


.asynchronous 
applications 
and contain 
an on chip precision 
reference 
voltage. 
The 
MCl45601 
is offered 
in an 18-pin package 
and adds the capability 
of selecting 
from 
three 
peak overload 
voltages 
(2.5, 3.15, and 3.78 VI. The MCl45505 
is a synchron- 
ous device offered 
in a 16-pin DIP and wide body SOIC package 
intended 
for instru- 
ment 
use. The MCl45602 
is the full-featured 
device which 
presents all of the 
options 
of the chip. This device is packaged 
in a 22-pin DIP and a 28-pin chip carrier 
package 
and contains 
all the features 
of the MCl45500 
and MCl45601 
plus several 
more. 
Most of these features 
can be made available in a lower 
pin count 
package 
tailored 
to a specific 
user's application. 
Contact 
the factory 
for further 
details. 


These devices are pin-for-pin 
replacements 
for Motorola's 
first generation 
of 
MCl4400/01/02/00/05 
PCM mono-circuits 
and upwardly 
compatible 
with 
the 
MCl4404/06/07 
codecs and other industry 
standard 
codecs. 
They also maintain 
compatibility 
with 
Motorola's 
family 
of TSACs and MC3419 SLiC products. 
The MCl45500 
family 
of PCM codec/filter 
mono-circuits 
utilizes CMOS due to its 
reliable low-power 
performance 
and proven 
capability 
for complex 
analog/digital 
VlSI 
functions. 


MC145500 


• 
16-Pin Package 
• 
Transmit 
Bandpass and Receive low-Pass 
Filters on Chip 
• 
Pin Selectable 
Mu/ A law 
Companding 
with 
Corresponding 
Data Format 
• 
On Chip Precision 
Reference 
Voltage 
(3.15 V) 
• 
Power 
Dissipation 
of 50 mW, 
Power Down 
of 0.1 mW at ± 5 Volts 
• 
Automatic 
Prescaler Accepts 
128 kHz, 1.536, 1.544, 2.048, and 2.56 MHz for 
Internal 
Sequencinll 
MC146501-AII 
of the Above 
Plus: 


• 
18-Pin Package 
• 
Selectable 
Peak Overload 
Voltages 
(2.5, 3.15, 3.78 Volts) 
• 
Access 
to the Inverting 
Input 
of the Txl Input Operational 
Amplifier 
MC145602-AII 
of the Above 
Plus: 


• 
22-Pin 
Package 
• 
Variable 
Data Clock Rates (64 kHz to 4.1 MHz) 
• 
Complete 
Access to the Three Terminal 
Transmit 
Input Operational 
Amplifier 
• 
An External 
Precision 
Reference 
May Be Used 
MC146503-AII 
the Above 
Features of the MCl45500 
Plus: 


• 
16-Pin Package 
• 
Complete 
Access 
to the Three Terminal 
Transmit 
Input 
Operational 
Amplifier 
MC146505-Same 
as MCl45503 
Except: 


• 
16-Pin Package 
• 
Common 
6 kHz to 4.1 MHz Transmit/Receive 
Data Clock 


MC145500 
MC145501 
MC145502 
MC145503 
MC145505 


L SUFFIX 
CERAMIC 
CASE 620 


P SUFFIX 
PLASTIC 
CASE 648 


L SUFFIX 
CERAMIC 
CASE 726 


L SUFFIX 
P SUFFIX 
CERAMIC 
PLASTIC 
CASE~ 
CASE~ 


MC145602• 
OW SUFFIX 
SO 
CASE 751 
MC146503 
MC146505 


FN SUFFIX 
CHIP CARRIER 
CASE 716 


MC145602 


II 


I 
I 
I 
L 
-.J 
NOTES: 


<E3 
Controlled by VLS 


Rx-100 kO (internal resistors) 


PIN ASSIGNMENT 
(Drawings 
Do Not Reflect 
Relative Size) 


MC145505L,P 
MC146500L 
MC146603L,P 


VAG 
1 • 
16 
VOO 
VAG 


R,O 
15 
ROO 
R,O 


RIO 
14 
RCE 
+ TI 
RCE 


TJI 
4 
13 
ROC 
TJI 
4 
ROC 


MulA 
5 
12 
TOC 
- TI 
TOC 


POi 
6 
11 
TOO 
MulA 
11 
TOO 


VSSI 
7 
10 
TOE 
POi 
10 
TOE 


VlS [ 
8 
9 
MSI 
Vss 
9 
VlS 


MC146502L,P 
MC146603DW 


Vre, 
1. 
22 
RSI 
VAG 
VOO 


VAG 
21 
VOO 
R,O 
ROO 


R,O 
20 
ROO 
+ TI 
RCE 


RIG 
4 
19 
RCE 
ROC 


R,O 
18 
ROC 
-TI 
TOC 


+ TI 
17 
TOC 
MulA 
TOO 


TII 
7 
16 
CCI 
POi 
TOE 


-TI 
8 
15 
TOO 
Vss 
VlS 


MulA 
9 
14 
TOE 


POi 
10 
13 
MSI 


Vss 
11 
12 
VlS 


[ 
1 • 
18 


[ 
2 
17 


3 
16 


4 
15 


5 
14 


6 
13 


7 
12 


8 
11 


9 
10 


VAG 


R,O 
2 


TOE 


9 
VlS 


'il 
'" ~ '-' ~ 
c c 
c 
c li1 
a: 
> ,; z 
> 
VOD 
4 
3 
2 
1 
28 
27 
26 
ROD 
• 
25 
RCE 
RCE 
24 
ROC 
DC 
+TI 
MC146502FN 
23 
TOC 
CCI 
NC 
28-PIN 
PLCC 
22 
NC 
TOO 
NC 
ITOPVIEWI 
21 
NC 
TOE 
TII 
10 
20 
CCI 


VlS 
-TI 
11 
19 
TOO 
12 
13 
14 
15 
16 
17 
18 


:!!i. I~ '" 
'-' 
~ 
us ~ 
~ z 
c 
:i 
> 
:10 
>- 


VAG 


RID 
2 


-TI 


MulA 


POi 
7 


VSS 


Rating 
Symbol 
Value 
Unit 


DC Supply Voltage 
VDD-VSS 
-0.5 to 13 
V 


Voltage, Any Pin to VSS 
V 
-0.5 
to VOD+0.5 
V 


DC Drain Per Pin (Excluding VDD, VSSl 
I 
10 
mA 


Operating Temperature Range 
TA 
-40 to +85 
°C 


Storage Temperature Range 
Tsta 
-85 to +150 
°C 


Characteristic 
Min 
Typ 
Max 
Unit 


DC Supply Voltage 
V 


Dual Supplies: VDD = - VSS, (VAG = VLS = 0 V) 
4.75 
5.0 
6.3 


Single Supply: VDD ta VSS (VAG is an Output, VLS = VDD or VSS) 
MC145500, MC145501, MC145502, MC145503, MC145505 (Using Internal 3.15 V 
8.5 
- 
12.6 
Referencel 
MC145501, MC145502 Using Internal 2.5 V Reference 
7.0 
- 
12.6 
MC145501, MC145502Using internal 3.78 V Reference 
9.5 
- 
12.6 
MC145502 Using External 1.5 V Reference, Referenced to VAG 
4.75 
- 
12.6 


Power 
Dissipation 
mW 
CMOS Logic Mode (VDD to VSS = 10 V, VLS = VDDI 
- 
40 
70 
TIL Logic Mode (VDD= +5 V, VSS= -5 V, VLS=VAG=O 
VI 
- 
50 
90 


Power 
Down 
Dissipation 
- 
0.1 
1.0 
mW 


Frame Rate Transmit 
and Receive 
7.5 
8.0 
8.5 
kHz 


Data Rate 
- 
128 
- 
kHz 
MC145500, MC145501, MC145503 
- 
1536 
- 
Must Use One af These Frequencies ± 2%, Relative to MSI Frequency of 8 kHz 
- 
1544 
- 


- 
2048 
- 
- 
2560 
- 


Data Rate far MC145502, MC145505 
64 
- 
4096 
kHz 


Full Scale Analog Input and Output Level 
Vp 
MC145500, MC145503, MC145505 
- 
3.15 
- 


MC145501, MC145502 (Vref=VSS) 
RSI=VDD 
- 
3.78 
- 
RSI=VSS 
- 
3.15 
- 
RSI=VAG 
- 
2.5 
- 


MC145502 Using an External Reference Valtage Applied at Vref Pin 
RSI=VDD 
- 
1.51xVref 
- 


RSI=VSS 
- 
1.26xVref 
- 
RSI=VAG 
- 
Vref 
- 


Characteristrc 
~ymbol 
Min 
Max 
Unit 


Input Valtage Levels (TDE, TOC, RCE, ROC, RDD, DC, MSI, CCI, PDI) 
V 


CMOS Mode (VLS=VOO, 
VSS is Digital Graundl 
"0" 
VIL 
0.3xVDD 


"1" 
VIH 
0.7xVDD 
TIL Mode (VLS:sVDO-4.0 
V, VLS is Digital Groundl 
"0" 
VIL 
VLS+0.8 
V 


"1" 
VIH 
VLS+2.0 
V 


Output Current far TDD (Transmit Digital Data) 
mA 
CMOS Mode (VLS = VDO, VSS = 0 V and is Oigital Graund) 
(VDD=5 
V, Vaut=0.4 
V) 
IOL 
4.0 
(VDO=10V, 
Vout=0.5V) 
6.0 
(VDD=5 
V, Vaut=4.5 
V) 
IOH 
-4.0 
(VOO= 10 V, Vout=9.5 
V) 
-6.0 
TIL Mode (VLS:sVDD-4.75 
V, VLS=O V and is Oigital Ground) 
VOL =0.4 V 
IOL 
1.6 


VOH=2.4 
V 
JOH 
-0.2 


ANALOG 
TRANSMISSION 
PERFORMANCE 
(VDD~ +5 V ±5%, 
VSS= -5 V ±5%, 
VlS=VAG=O 
V, Vref= RSI=VSS 
IInternal3.15 V Reference), 


o dBmO= 1.546 Vrms= +6 dBm @ 600 0, TA= -40 to +85°C, TDC= RDC=CCI, TDE=RCE=MSI, 
Unless Otherwise Noted) 


End to End 
AID 
DIA 
Characteristic 
Unit 
Min 
Max 
Min 
Max 
Min 
Max 


Absolute Gain (0 dBmO@ 1.02 kHz), TA=25°C, 
VDD=5 
V, VSS=5 
V 
- 
- 
-0.30 
+0.30 
-0.30 
+0.30 
dB 


Absolute Gain Variation Wrth Temperature 0° to + 70°C 
- 
- 
- 
±0.03 
- 
±0.03 
dB 


Absolute Gain Variation With Temperature _40° to +85°C 
- 
- 
- 
±0.1 
- 
±0.1 
dB 


Absolute Gain Variation Wrth Power Supply IVDD=5 
V, VSS=5 
V, 5%) 
- 
- 
- 
±0.02 
- 
±0.02 
dB 


Gain vs level Tone (Relative to -10 dBmO, 1.02 kHz) 
+3 to -40 dBmO 
-0.4 
+0.4 
-0.2 
+0.2 
-0.2 
+0.2 
dB 
-40 to -50 dBmO 
-0.8 
+0.8 
-0.4 
+0.4 
-0.4 
+0.4 
-50 to -55dBmO 
-1.6 
+1.6 
-0.8 
+0.8 
-0.8 
+0.8 


Gain vs level Pseudo Noise lA-law 
Relative to - 10 dBmOl 
dB 
CCITT G.714 
-10 to -40 dBmO 
- 
- 
-0.25 
+0.25 
-0.25 
+0.25 


-40 to -50 dBmO 
- 
- 
-0.30 
+0.30 
-0.30 
+0.30 


-50 to -55 dBmO 
- 
- 
-0.45 
+0.45 
-0.45 
+0.45 


Total Distortion-1.02 
kHz Tone IC-Messagel 
o to -30 dBmO 
35 
- 
35 
- 
36 
- 
dBC 


-40 dBmO 
29 
- 
29 
- 
30 
- 


-45 dBmO 
24 
- 
24 
- 
25 
- 


Total Distortion With Pseudo Noise lA-law), 
CCITT G.714 
-3 
dBmO 
27.5 
- 
28 
- 
28.5 
- 
dB 


-6 
to -27 dBmO 
35 
- 
35.5 
- 
36 
- 
-34 dBmO 
33.1 
- 
33.5 
- 
34.2 
- 
-40 dBmO 
28.2 
- 
28.5 
- 
30.0 
- 
-55 dBmO 
13.2 
- 
13.5 
- 
15.0 
- 


Idle Channel Noise lFor End-End and AID, See Note 1) 
IMu-law, 
C-Message Weighted) 
- 
15 
- 
15 
- 
9 
dBmCO 
lA-law, 
Psophometric Weighted) 
- 
-69 
- 
-69 
- 
-78 
dBmOp 


Frequency Response lRelative to 1.02 kHz @ 0 dBmO) 
15to60 
Hz 
- 
-23 
- 
-23 
- 
0.15 
dB 
300 to 3000 Hz 
-0.3 
+0.3 
-0.15 
+0.15 
-0.15 
+0.15 
3400 Hz 
-1.6 
0 
-0.8 
0 
-0.8 
0 
4000 Hz 
- 
-28 
- 
-14 
- 
-14 
;;04600Hz 
- 
-60 
- 
-32 
- 
-30 


Inband Spurious (1.02 kHz @ 0 dBmO, Transmit and RxO) 
300 to 3000 Hz 
- 
- 
- 
-43 
- 
-43 
dBmO 


Out-of-Band Spurious at RxO 1300-3400Hz @ 0 dBmO In) 
dB 
4600 to 7600 Hz 
- 
-30 
- 
- 
- 
-30 
7600 to 8400 Hz 
- 
-40 
- 
- 
- 
-40 
8400 to 100,000 Hz 
- 
-30 
- 
- 
- 
-30 


Idle Channel Noise Selective @ 8 kHz, Input = VAG, 30 Hz Bandwidth 
- 
-70 
- 
- 
- 
-70 
dBmO 


Absolute Delay @ 1020 Hz lTDC=2.048 
MHz, TDE=8 kHzl 


Group Delay Referenced to 1020 Hz lTDC=2048 kHz, TOE=8 kHz) 
500 to 600 Hz 
600 to 800 Hz 
800 to 1000Hz 
1000to 1600 Hz 
1600to 2600 Hz 
2600 to 2800 Hz 
2800 to 3000 Hz 


Crosstalk of 1020 Hz @ 0 dBmO From AID or 01A (Note 21 
- 
- 
- 
-80 
- 
-80 
dB 


Intermodulation 
Distortion 
of Two 
Frequencies 
of Amplitudes 
- 4 to 
- 
- 
- 
-41 
- 
-41 
dB 
- 21 dBmO From the Range 300 to 3400 Hz 


NOTES: 


1. Extrapolated 
from 
a 1020 Hz @ - 50 dBmO distortion 
measurement 
to correct 
for encoder 
enhancement. 
2. Selectively measured while the AIO is stimulated with 2667 Hz @ - 50 dBmO. 


Characteristic 
Symbol 
Min 
Typ 
Max 
Unit 


Input 
Current 
+Tx, 
- Tx ITxl 
for 
MC1455(0) 
lin 
- 
±0.O1 
±0.2 
~A 


AC Input 
Impedance 
to VAG 
11 kHz) 
+Tx, 
-Tx 
lin 
5 
10 
- 
MO 


(Txl 
for 
MC145500) 
0.1 
0.2 
- 


Input 
Capacitance 
+Tx, 
-Tx 
- 
- 
10 
pF 


Input 
Offset 
Voltage 
of Txl Op Amp 
- 
< ±30 
- 
mV 


Input 
Common 
Mode 
Voltage 
Range 
+Tx, 
-Tx 
VICR 
VSS+l.0 
- 
Voo-2.0 
V 


Input 
Common 
Mode 
Rejection 
Ratio 
+Tx, 
-Tx 
CMRR 
- 
70 
- 
dB 


Txl 
Unity 
Gain 
Bandwidth 
Rl2:10kO 
BWo 
- 
1000 
- 
kHz 


Txl 
Open 
loop 
Gain 
Rl2:10kO 
AVOl 
- 
75 
- 
dB 


Equivalent 
Input 
Noise 
IC-Message) 
Between 
+ Tx and 
- Tx, 
at Txl 
- 
-20 
- 
dBrnCO 


Output 
load 
Capacitance 
for Txl 
Op Amp 
0 
- 
100 
pF 


Output 
Voltage 
Range 
Txl 
Op Amp, 
RxO or RxO 
Vout 
V 


Rl=10ktoVAG 
VSS +0.8 
- 
VOO-1.0 


Rl=6000toVAG 
VSS + 1.5 
- 
VOO-1.5 


Output 
Current 
Txl, 
RxO, 
RxO 
VSS+ 
1.5 VSVoutSVOO-1.5 
V 
±5.5 
- 
- 
mA 


Output 
Impedance 
RxO, 
RxO* 
o to 3.4 kHz 
lout 
- 
3 
- 
0 


Output 
load 
Capacitance 
for 
RxO and 
RxO* 
0 
- 
200 
pF 


Output 
dc Offset 
Voltage 
Referenced 
to VAG 
Pin 
RxO 
- 
- 
±100 
mV 


RxO* 
- 
- 
±150 


Internal 
Gainsetting 
Resistors 
for 
RxG to RxO and 
RxO 
62 
100 
225 
kO 


External 
Reference 
Voltage 
Applierl 
to Vref 
IReferenced 
to VAG) 
0.5 
- 
VOO-1.0 
V 


V ref Input 
Current 
- 
- 
20 
p.A 


VAG 
Output 
Bias Voltage 
- 
0.53 VOO+ 
- 
V 
- 
0.47 VSS 
- 


VAG 
Output 
Current 
Source 
'VAG 
0.4 
- 
0.8 
mA 


Sink 
10.0 
- 
- 


Output 
leakage 
Current 
Ouring 
Power 
Oown 
for the Txl 
Op Amp, 
- 
- 
±30 
p.A 


VAG, 
RxO, 
and 
RxO 


Positive 
Power 
Supply 
Rejection 
Ratio. 
Transmit 
45 
50 
- 
dBC 


0-100 
kHz 
@ 250 mV, 
C-Message 
Weighting 
Receive 
55 
65 
- 


Negative 
Power 
Supply 
Rejection 
Ratio, 
Transmit 
50 
55 
- 
dBC 


0-100 
kHz 
@ 250 mV, 
C-Message 
Weighting 
Receive 
50 
60 
- 


Charaeteriatic 
Min 
Typ 
Max 
Unit 


VLS Voltage for TTL Mode (TTL Logic Levels Referenced to VLS) 
VSS 
- 
VDD-4.0 
V 


VLS Voltage for CMOS Mode (CMOS Logic Levels of VSS to VDD) 
VDD-0.5 
- 
VDD 
V 


Mu/ A Select Voltage 
V 


Mu-Law Mode 
VDD-0.5 
- 
VDD 
Sign Magnitude Mode 
VAG-0.5 
- 
VAG +0.5 
A-Law Mode 
VSS 
- 
VSS+0.5 


RSI Voltage for Reference Select Input (MCl46501 and MCl45502) 
V 


3.7B V Mode 
VDD-0.5 
- 
VDD 
2.5 V Mode 
VAG-0.5 
- 
VAG+0.5 
3.15 V Mode 
VSS 
- 
VSS+0.5 


Vref Voltage for Internal or External Reference (MC145502 only) 
V 


Internal Reference Mode 
VSS 
- 
VSS+0.5 


External 
Reference 
Mode 
VAG +0.5 
- 
VDD -1.0 


Analog Test Mode Selection Frequency, MS=CCI 
(MCl45500, MC145501, 
- 
128 
- 
kHz 


MCl45502 only) See Pin Description; Test Modes 


Characteristic 
Symbol 
Min 
Typ 
Max 
Unit 


Output Rise Time 
TOO 
trLH 
- 
30 
80 
ns 


Output Fall Time 
trHL 
- 
30 
80 


Input Rise Time 
TOE, TDC, RCE, ROC, DC, MSI, CCI 
trLH 
- 
- 
4 
IJS 
Input Fall Time 
tTHL 
- 
- 
4 


Pulse Width 
TOE Low, TOC, RCE, ROC, DC, MSI, CCI 
tw 
100 
- 
- 
ns 


Data Clock Pulse Frequency 
TOC, ROC, DC 
fCL 
64 
- 
4096 
kHz 


CCI Clock Pulse Frequency (MSI =8 kHz) 
fCLl 
- 
128 
- 
kHz 
This Pin will Accept One of These Discrete Clock Frequencies and will 
fCL2 
- 
1536 
- 


Compensate 
to Produce 
Internal 
Sequencing 
fCL3 
- 
1544 
- 


fCL4 
- 
2048 
- 


fCL5 
- 
2560 
- 


Propagation Delay Time 
ns 
TOE Rising to TOO Low Impedance 
TTL 
tpl 
- 
90 
180 
CMOS 
- 
90 
150 
TOE Falling to TOO High Impedance 
TTL 
tp2 
- 
- 
55 
CMOS 
- 
- 
40 
TDC Rising Edge to TOO Data, During TOE High 
TTL 
tp3 
- 
90 
180 
CMOS 
- 
90 
150 
TOE Rising Edge to TOO Data, During TDC High 
TTL 
tp4 
- 
90 
180 
CMOS 
- 
90 
150 


TDC Falling Edge to TOE Rising Edge Setup Time 
tsul 
20 
- 
- 
ns 


TOE Rising Edge to TDC Falling Edge Setup Time 
tsu2 
100 
- 
- 
ns 


TOE Falling Edge to TDC Rising Edge to Preservethe Next TOO Data 
tsuB 
20 
- 
- 
ns 


ROC Falling Edge to RCE Rising Edge Setup Time 
tsu3 
20 
- 
- 
ns 


RCE Rising Edge to ROC Falling Edge Setup Time 
tsu4 
100 
- 
- 
ns 


ROD Valid to ROC Falling Edge Setup Time 
tsu5 
60 
- 
- 
ns 


CCI Falling Edge to MSI Rising Edge Setup Time 
tsu6 
20 
- 
- 
ns 


MSI Rising Edge to CCI Falling Edge Setup Time 
tsu7 
100 
- 
- 
ns 


ROD Hold Time from ROC Falling Edge 
th 
100 
- 
- 
ns 


TOE, TDC, RCE, ROC, ROD, DC, MSI, CCI Input Capacitance 
- 
- 
10 
pF 


TOE, TDC, RCE, ROC, ROD, DC, MSI. CCI Input Current 
- 
±0.01 
±0.2 
,.A 


TOO Capacitance During High Impedance (TOE Low) 
- 
12 
15 
pF 


TOO Input Current During High Impedance (TOE Low) 
- 
±0.1 
±10.0 
,.A 


II 


II 


A codec/filter 
is a device which 
is used for digitizing 
and 
reconstructing 
the human 
voice. 
These devices 
were devel- 
oped 
primarily 
for the telephone 
network 
to facilitate 
voice 
switching 
and transmission. 
Once the voice is digitized, 
it may 
be switched 
by digital switching 
methods 
or transmitted 
long 
distance 
(T1, microwave, 
satellites, 
etc.) without 
degradation. 


The name codec 
is an acronym 
from 
"coder" 
for the AID 
used to digitize 
voice, 
and "decoder" 
for the 01A used for 
reconstructing 
voice. A codec is a single device that does both 
the AID and 01A conversions. 
To digitize 
intelligible 
voice requires a signal to distortion 
of 
about 
30 dB for a dynamic 
range of about 
40 dB. This may 
be accomplished 
with 
a linear 13-bit AID and D/A, 
but will 
far 
exceed 
the 
required 
signal 
to 
distortion 
at 
amplitudes 
greater 
than 
40 dB below 
the 
peak amplitude. 
This 
excess 
performance 
is at the expense of data per sample. Two meth- 
ods of data reduction 
are implemented 
by compressing 
the 
13-bit linear scheme to companded 
8-bit schemes. These com- 
panding 
schemes 
follow 
a segmented 
or "piecewise-linear" 


curve formatted 
as sign bit, three 
chord 
bits, 
and four 
step 
bits. 
For a given 
chord, 
all 16 of the steps 
have the 
same 
voltage 
weighting. 
As 
the 
voltage 
of 
the 
analog 
input 
in- 
creases, 
the four step bits increment 
and carry to the three 
chord 
bits which 
increment. 
With 
the chord 
bits increment, 
the step bits double their voltage 
weighting. 
This results in an 
effective 
resolution 
of 
6-bits 
(sign + chord +four 
step 
bits) 
across a 42 dB dynamic 
range (7 chords above zero, by 6 dB 
per chord). 
There are two 
companding 
schemes 
used; 
Mu- 
255 Law specifically 
in North America, 
and A-Law 
specifically 
in Europe. 
These companding 
schemes 
are accepted 
world 
wide. 
The tables show 
the linear quantization 
levels to PCM 
words 
for the two 
companding 
schemes. 


In a sampling environment, 
Nyquist theory says that to prop- 
erly sample a continuous 
signal, 
it must be sampled 
at a fre- 
quency 
higher 
than 
twice 
the 
signal's 
highest 
frequency 
component. 
Voice contains 
spectral 
energy above 3 kHz, but 
its absence 
is not detrimental 
to intelligibility. 
To reduce the 
digital data rate, which 
is proportional 
to the sampling 
rate, a 
sample rate of 8 kHz was adopted, 
consistent 
with a bandwidth 
of 3 kHz. This sampling 
requires a low-pass 
filter to limit the 
high frequency 
energy above 3 kHz from distorting 
the inband 
signal. 
The telephone 
line is also subject 
to 50/60 
Hz power 
line couplng 
which 
must 
be attenuated 
from 
the signal by a 
high-pass 
filter 
before the AID converter. 
The 
0 IA process 
reconstructs 
a staircase 
version 
of the 
desired inband signal which 
has spectral 
images of the inband 
signal 
modulated 
about 
the sample 
frequency 
and 
its har- 
monics. 
These spectral images are called aliasing components 
which 
need to be attenuated 
to obtain the desired signal. The 
low-pass 
filter used to attenuate 
these aliasing components 
is 
typically 
called a reconstruction 
or smoothing 
filter. 


The MCl45500 
series PCM codec/filters 
have the codec, 
both presampling 
and reconstruction 
filters, a precision voltage 
reference on chip, and require no external components. 
There 
are five distinct 
versions 
of the Motorola 
MCl45500 
Series. 


MC146600 


The MCl45500 
PCM mono-circuit 
is intended 
for standard 
byte interleaved 
synchronous 
and asynchronous 
applications. 


The TDC pin on this device is the input to both the TDC and 
CCI functions 
in the pin description. 
Consequently, 
for MSI =8 
kHz, TDC can be one of five discrete frequencies. 
These are 
128 kHz (40 to 60% duty 
cycle) 
1.536. 1.544, 2.048, 
or 2.56 
MHz. 
(For 
other 
data 
clock 
frequencies 
see MCl45502 
or 


MC145505.) 
The internal 
reference 
is set for 3.15 volts 
peak 


full scale, and the full scale input level at Txl and output 
level 
at RxO is 6.3 volts 
peak-to-peak. 
This is the + 3 dBmO level 


of the PCM codec/filter. 
All other functions 
are described 
in 
the pin description. 


MC145501 


The MCl45501 
PCM codec/filter 
offers 
the same features 


and is for the same application 
as the MC145500, 
but offers 
two 
additional 
pins and features. 
The reference 
select 
input 


allows 
the full scale level of the device to be set at 2.5 Vp, 


3.15 Vp, or 3.78 Vp. The - Tx pin allows for external transmit 
gain adjust 
and simplifies 
the interface 
to the MC3419 SLiC. 
Otherwise, 
it is identical 
to MCl45500. 


MC146502 


The MCl45502 
PCM codec/filter 
is the full feature 
22-pin 
device. It is intended for use in applications 
requiring 
maximum 
flexiblity. 
The 
MC145502 
contains 
all the 
features 
of 
the 
MCl45500 
and MCl45501. 
The MCl45502 
is intended 
for bit 
interleaved 
or byte 
interleaved 
applications 
with 
data 
clock 
frequencies 
which 
are nonstandard 
or time varying. 
One of 
the five standard 
frequencies 
(listed 
above) 
is applied 
to the 
CCI input, 
and the data clock 
inputs 
can be any frequency 
between 
64 kHz and 4.096 MHz. 
The Vref pin allows for use 
of an external 
~hared 
reference 
or selection 
of the 
internal 
reference. 
The RxG pin accommodates 
gain adjustments 
for 
the inverted 
analog 
output. 
All three 
pins of the input 
gain- 
setting 
operational 
amplifier 
are present which 
provide 
maxi- 
mum flexibility 
for the analog 
interface. 


MC146503 


The MCl46503 
PCM mono-circuit 
is intended 
for standard 
byte interleaved 
synchronous 
or asynchronous 
applications. 


TDC can be one of five discrete 
frequencies. 
These are 128 
kHz (40 to 60% duty cycle), 
1.536, 1.544, 2.048, or 2.56 MHz. 


(For other data clock frequencies 
see MCl45502 
or MCl45505.) 
The internal 
reference 
is set for 3.15 volts peak full scale, and 
the full scale input 
level at Txl and output 
level at RxO is 6.3 
volts 
peak-to-peak. 
This is the +3 dBmO level of the 
PCM 
codec/filter. 
The + Tx and - Tx inputs provide maximum 
flex- 
ibility 
for analog 
interface. 
All other 
functions 
are described 
in the pin description. 


MC145605 


The MCl45505 
PCM mono-circuit 
is intended 
for byte in- 
terleaved synchronous 
applications. 
The MCl45505 
has all the 
features 
of the 
MCl45503 
but 
internally 
connects 
TDC 
and 
ROC (see pin description) 
to the 
DC pin. 
One of the 
five 
standard 
frequencies 
(listed above) should 
be applied to CCI. 


The data clock 
input 
(DC) can be any frequency 
between 
64 
kHz and 4.096 MHz. 


DIGITAL 


VLS-Logic 
Level 
Select 
Input 
and TTL Digital 
Ground 


VLS controls 
the logic levels and digital 
ground 
reference 
for all digital inputs and the digital output. 
These devices can 
operate 
with 
logic 
levels from 
full 
supply 
(VSS 
to VDD) 
or 
with 
TTL 
logic 
levels 
using 
VLS 
as 
digital 
ground. 
For 
VLS =VDD, 
all 1/0 
is full supply 
(VSS to VDD 
swing) 
with 
CMOS 
switch 
points. 
For VSS<VLS«VDD-4 
volts), 
all 
inputs 
and outputs 
are TTL compatible 
with 
VLS 
being the 
digital 
ground. 
The pins controlled 
by VLS are inputs 
MSI, 
CCI, TDE, TDC, 
RCE, RDC, RDD, PDI, and output 
TDD. 


MSI-Master 
Synchronization 
Input 


MSI is used for determining 
the sample rate of the transmit 
side and as a time base for selecting the internal prescale divider 
for the convert 
clock 
input (CCII pin. The MSI pin should 
be 
tied to an 8 kHz clock which 
may be a frame sync or system 
sync signal. 
MSI has no relation 
to transmit 
or receive data 
timing, 
except for determining 
the internal 
transmit 
strobe as 
described 
under the TDE pin description. 
MSI should 
be de- 
rived from 
the transmit 
timing 
in asynchronous 
applications. 
In many 
applications 
MS' 
can be tied to TDE. 
(MSI 
is tied 
internally 
to TDE in MCl45503/05.) 


CCI-Convert 
Clock 
Input 


CCI is designed 
to accept 
five discrete 
clock 
frequencies. 
These are 128 kHz, 
1.536 MHz, 
1.544 MHz, 
2.048 
MHz, 
or 
2.56 MHz. The frequency 
at this input is compared 
with 
MSI 
and prescale divided to produce the internal sequencing 
clock 
at 128 kHz (or 16 times the sampling 
rate). The duty cycle of 
CCI is dictated 
by the minimum 
pulse width 
except 
for 
128 
kHz, which 
is used directly 
for internal 
sequencing 
and must 
have a 40 to 60% duty cycle. 
In asynchronous 
applications, 
CCI should 
be derived 
from 
transmit 
timing. 
(CCI is tied in- 
ternally 
to TDC in MCl45500/01/03.) 


TDC- 
Transmit 
Data 
Clock 
Input 


TDC can be any frequency 
from 64 kHz to 4.096 MHz, and 
is often tied to CCI if the data rate is equal to one of the five 
discrete frequencies. 
This clock is the shift clock for the trans- 
mit shift register and its rising edges produce 
successive 
data 
bits at TDD. TDE should be derived from this clock. 
(TDC and 
RDC are tied together 
internally in the MCl45605 
and are called 
DC.) 


TDE- 
Transmit 
Data 
Enable 
Input 


TDE serves three major functions. 
The first TDE rising edge 


following 
an MSI rising edge generates 
the internal 
transmit 
strobe which initiates an AID conversion. 
The interna' transmit 
strobe also transfers 
a new PCM data word 
into the transmit 
shift 
register 
(sign bit first) 
ready to be output 
at TDD. 
The 
TDE pin is the high impedance 
control 
for the transmit 
digital 
data (TDD) output. 
As long as this pin is high, the TDD output 
stays low impedance. 
This pin also enables the output 
shift 
register for clocking 
out the 8-bit serial PCM word. 
The logical 
AND of the TDE pin with the TDC pin clocks out a new data 
bit at TDD. 
TDE should 
be held high for eight 
consecutive 


TDC cycles to clock 
out a complete 
PCM word 
for byte in- 
terleaved 
applications. 
The transmit 
shift 
register feeds back 
on itself to allow 
multiple 
reads of the transmit 
data. 
If the 
PCM word is clocked 
out once per frame in a byte interleaved 
system, 
the MSI pin function 
is transparent 
and may be con- 
nected to TDE. 


The TDE pin may be cycled 
during 
a PCM word 
for 
bit 
interleaved 
applications. 
TDE controls 
both 
the high imped- 
ance state of the TDD output 
and the internal shift clock. TDE 
must fall before TDC rises (tsu8) to ensure integrity 
of the next 
data bit. There must be at least two TDC falling edges between 
the last TDE rising edge of one frame and the first TDE rising 
edge of the next frame. 
MSI must be available separate from 
TDE for bit interleaved 
applications. 


TDD- 
Transmit 
Digital 
Data 
Output 


The output 
levels at this pin are controlled 
by the VLS pin. 
For VLS connected 
to VDD, 
the output 
levels are from 
VSS 
to VDD. 
For a voltage 
of VLS between 
VDD-4 
V and VSS, 


the output 
levels are TTL compatible 
with VLS being the digital 
ground 
supply. 
The TDD pin is three-state 
output 
controlled 
by the TDE pin. The timing 
of this pin is controlled 
by TDC 
and TDE. When in TTL mode, this output 
may be made high- 
speed 
CMOS 
compatible 
using 
a pullup 
resistor. 
The 
data 
format 
(Mu-Law, 
A-Law, 
or sign magnitude) 
is controlled 
by 
the MulA 
pin. 


ROC-Receive 
Data 
Clock 
Input 


RDC can be any frequency 
from 64 kHz to 4.096 MHz. This 
pin is often 
tied to the TDC pin for applications 
that can use 
a common 
clock for both transmit 
and receive data transfers. 


The receive 
shift 
register 
is controlled 
by the 
receive 
clock 
enable 
(RCE) pin to clock 
data 
into the receive 
digital 
data 
(RDD) 
pin on falling 
RDC edges. These three signals can be 
asynchronous 
with 
all other 
digital 
pins. 
The RDC input 
is 
internally 
tied to the TDC input 
on the MC145505 and called 
DC. 


RCE-Receive 
Clock 
Enable 
Input 


The rising 
edge of 
RCE should 
identify 
the sign 
bit of a 
receive 
PCM word 
on RDD. 
The next falling 
edge of RDC, 


after a rising RCE, loads the first bit of the PCM word into the 
receive 
register. 
The next seven falling 
edges enter 
the 
re- 
mainder of the PCM word. On the ninth rising edge, the receive 
PCM word is transferred 
to the receive buffer 
register and the 
AID 
sequence 
is interrupted 
to commence 
the decode 
pro- 
cess. 
In asynchronous 
applications 
with 
an 8 kHz transmit 
sample 
rate, the receive sample 
rate should 
be between 
7.5 
and 8.5 kHz. Two 
receive PCM words 
may be decoded 
and 
analog summed 
each transmit 
frame to allow on chip confer- 
encing. 
The two 
PCM words 
should 
be clocked 
in as two 
single PCM words, 
a minimum 
of 31.25 pS apart, with a receive 
data clock 
of 512 kHz or faster. 


ROD-Receive 
Digital 
Data 
Input 


RDD is the receive digital data input. 
The timing 
for this pin 
is controlled 
by RDC and RCE. The data format 
is determined 
by the Mul A pin. 


II 


Mu/A 
Select 


This pin selects the companding 
law and the data format 
at TDD and RDD. 


Mu/ A =VDD; 
Mu255 Companding 
D3 Data Format with 
Zero Code Suppress 
Mu/ A =VAG; 
Mu255 Companding 
with 
Sign 
Magnitude 
Data Format 
Mu/ A = VSS; A-law Companding with cCln 
Data Format 
Bit Inversions 


CODE 
SIGI/ 
Mu-lAW 
HAW 
MAGlnUDE 
(CClm 


+ FUll SCALE 
1111 
1111 
1000 
0000 
1010 
1010 


+ZERO 
1000 
0000 
1111 
1111 
1101 
0101 


-ZERO 
0000 
0000 
0111 
1111 
0101 
0101 
- FUll SCALE 
0111 
1111 
0000 
0010 
0010 
1010 


, 
_~_1_2_~ 
5 I 
6 
[~ 


NOTE: Starting 
from sign magnitude, 
to change format: 


To Mu-Law- 
MSB is unchanged 
(sign) 


Invert remaining seven bits 
If code isסס ooסס oo, change toסס oo 
0010 (for zero 
code suppression 
To A-Law- 
MSB is unchanged 
(sign) 
Invert odd numbered bits 
Ignore zero code suppression 


POI-Power 
Down 
Input 


The power down input disables the bias circuitry and gates 
off all clock inputs. This puts the VAG, Txl, RxO, RxO, and 
TDD outputs 
into a high impedance state. The power dissi- 
pation is reduced to 0.1 mW when PDI is a low logic level. 
The circuit operates normally with PDI = VDD or with a logic 
high as defined by connection 
at VLS. TDD will not come out 
of high impedance for two MSI cycles after PDI goes high. 


DC-Data 
Clock 
Input 


DC-in 
the MCl45505, 
TDC and RDC are internally 
con- 
nected to this pin. 


ANALOG 


VAG-Analog 
Ground 
Input/Output 
Pin 


VAG is the analog ground power supply input/output. 
All 
analog signals into and out of the device use this as their 
ground reference. Each version of the MCl45500 
PCM codec/ 
filter family can provide its own analog ground supply inter- 
nally. The dc voltage of this internal supply is 6% positive of 
the midway 
between 
VDD and VSS. 
This supply 
can sink 
more than 8 mA but has a current source limited to 400 pA. 
The output of this supply is internally connected to the analog 
ground input of the part. The node where this supply and the 
analog ground are connected 
is brought 
out to the VAG pin. 
In symmetric 
dual supply systems I ± 5, ± 6, etc.), VAG may 
be externally tied to the system analog ground supply. When 
RxO or RxO drive low impedance loads tied to VAG, a pullup 


resistor to VDD will be required to boost the source current 
capability 
if VAG is not tied to the supply ground. 
All analog 
signals for the part are referenced to VAG, including 
noise, 


therefore, 
decoupling capacitors (0.1 I'F) should be used from 


VDD to VAG and VSS to VAG· 


Vraf- 
Positiva 
Voltage 
Refarance 
Input 
(MC145602 Only) 


The Vref pin allows an external reference voltage to be used 
for the A/D 
and D/ A conversions. 
If Vref is tied to VSS, the 


internal reference is selected. If Vref > VAG, then the external 
mode is selected and the voltage applied to Vref is used for 
generating 
the internal converter 
reference voltage. 
In either 


internal or external reference mode, the actual voltage used 
for conversion 
is multiplied 
by the ratio selected by the RSI 
pin. The RSI pin circuitry is explained under its pin description 
below. 
Both the internal and extemal references are inverted 
within 
the PCM codec/filter 
for negative input voltages such 
that only one reference is required. 


External 
Mode-In 
the 
external 
reference 
mode 
(Vref>VAG), 
a 2.5 volt 
reference like the MCl403 
may be 
connected from Vref to VAG. A single extemal reference may 
be shared by tying together 
a number of Vref pins and VAG 
pins from 
different 
codec/filters. 
In special applications, 
the 
external 
reference voltage may be between 
0.5 and 5 volts. 


However, the reference voltage gain selection circuitry 
asso- 


ciated with 
RSI must be considered 
to arrive at the desired 
codec/filter 
gain. 


Internal Mode -In 
the internal reference mode IV ref = VSSI, 
an internal 2.5 volt reference supplies the reference voltage 
for the RSI circllitry. 
The Vref pin is functionally 
connected 
to 
VSS 
for 
the 
MCl45500, 
MCl45501 , 
MCl45503, 
and 
MCl45505 
pinouts. 


RSI-Reference 
Select 
Input 
(MC146501/02 
Only) 


The RSI input allows the selection of three different overload 
or full scale A/D 
and D/ A converter 
reference 
voltages 
in- 
dependent of the internal or external reference mode. The RSI 
pin is a digital input that senses three different 
logic states; 


VSS, VAG, and VDD. 
For RSI =VAG, the reference voltage 
is used directly 
for the converters. 
The internal 
reference is 
2.5 volts. 
For RSI = VSS, the reference voltage 
is multiplied 
by the ratio of 1.26, which 
results in an internal 
converter 
reference of 3.15 volts. 
For RSI = VDD, the reference voltage 
is multiplied 
by 1.51, which 
results in an internal 
converter 
reference of 3.78 volts. The device requires a minimum 
of 1.0 
volt of headroom between the internal converter 
reference to 
VDD. VSS has this same absolute valued minimum, 
also mea- 
sured from 
VAG 
pin. 
The various 
modes 
of operation 
are 
summarized 
in the table below. 
The RSI pin is functionally 
connected 
to 
VSS 
for 
the 
MCl45500, 
MCl45503, 
and 
MCl45505 
pinouts. 


RxO. RxO-R8Ceiv8 
Analog 
Outputs 


These two complimentary 
outputs 
are generated from the 
output 
of the receive filter. They are equal in magnitude 
and 
out of phase. The maximum signal output of each is equal to 
the maximum 
peak-to-peak 
signal described 
with 
the refer- 
ence. If a 3.15 volt reference is used with 
RSI tied to VAG 


and a +3 
dBmO sine wave is decoded, 
the RxO output 
will 
be a 6.3 volt peak-to-peak 
signal. RxO will also have an inverted 
signal output 
of 6.3 volt peak-to-peak. 
External loads may be 
connected 
from 
RxO to RxO for a 6 dB push-pull 
signal gain 
or from either RxO or RxO to VAG. With a 3.15 volt reference 
each output 
will 
drive 600 Il to 
+ 9 dBm. 
With 
RSI tied to 
VDD, 
each output 
will drive 900 Il to 
+9 dBm. 


RxG-Receive 
Output 
Gain 
Adjust 
IMC146602 
Only) 


The purpose of the RxG pin is to allow external receive gain 
adjustment 
for the RxO pin. If RxG is left open, then the output 
signal at RxO will 
be inverted 
and output 
at RxO. Thus the 
push-pull 
gain to a load from 
RxO to RxO is two 
times 
the 
output 
level at RxO. If external 
resistors are applied from 
RxO 


to RxG (RI) and from 
RxG to RxO IRG), the gain of RxO can 
be set differently 
from 
inverting 
unity. 
These resistors should 
be in the range of 10 kll. The RxO output 
level is unchanged 
by the resistors 
and the RxO gain is approximately 
equal to 
minus 
RG/RI. 
The actual 
gain is determined 
by taking 
into 
account 
the internal resistors which will be in parallel to these 
external 
resistors. The internal resistors have a large tolerance, 
but they match each other very closely. 
This matching 
tends 


to 
minimize 
the 
affects 
of their 
tolerance 
on external 
gain 


configurations. 
The circuit 
for RxG and RxO is shown 
in the 
block diagram. 


Txl- 
Transmit 
Analog 
Input 


Txl is the input to the transmit 
filter. 
It is also the output 
of 
the transmit 
gain amplifiers 
of the MCl45501 102/03/05. 
The 


input impedance 
is greater than 100 k to VAG in the MCl45500. 
The Txl input has an internal gain of 1.0, such that a + 3 dBmO 
signal at Txl corresponds 
to the peak converter 
reference volt- 
age as described 
in the V ref and RSI pin descriptions. 
For 3.15 


volt reference, 
the 
+ 3 dBmO input should 
be 6.3 volts peak- 
to-peak. 


+ Tx-Positive 
Tx Amplifier 
Input 
(MC146602/03/05 
Onlyl 
- Tx-Negative 
Tx Amplifier 
Input 
(MC146501/02/03/05 
Only) 


The Txl pin is the input to the transmit 
band-pass 
filter. 
If 
+ Tx or - Tx are available, 
then there is an internal 
amplifier 


preceding 
the filter whose pins are + Tx, - Tx, and Txl. These 
pins allow access to the amplifier 
terminals 
to tailor the input 
gain with 
external 
resistors. 
The resistors 
should 
be in the 
range of 10 kll. 
If + Tx is not available, 
it is internally 
tied to 
VAG. 
If 
- Tx and .+ Tx are not available, 
the Txl is a unity 
gain high impedance 
input. 


Power 
Supplies 


VDD-Most 
Positive Supply VDD is typically 
5 to 12 volts. 


VSS-Most 
Negative Supply. 
VSS is typically 
10to 12 volts 
negative 
of VDD. 


For a ± 5 volt dual-supply 
system, the typical 
power supply 
configuration 
is VDD= 
+5 V, VSS= 
-5 
V, VlS 
=0 V (digital 
ground accommodating 
TTllogic 
levels), and VAG = 0 V being 
tied to system analog ground. 
For single-supply 
applications, 
typical 
power supply config- 
urations 
include: 


VDD=10 
V to 12 V 
VSS=O 
V 
VAG generates 
a mid supply voltage for referencing 
all an- 
alog signals. 
VlS 
controls 
the logic levels. This pin should be connected 
to VDD for CMOS logic levels from VSS to VDD. 
This pin 
should 
be connected 
to digital 
ground 
for true TTl 
logic 
levels referenced 
to VlS. 


Testing 
Considerations 
(MC145500/01/02 
Only) 


An analog 
test mode 
is activated 
by connecting 
MSI and 
CCI to 128 kHz. In this mode, the input of the AID (the output 
of the Tx filter) 
is available at the PDI pin. This input is direct 
coupled to the AI D side of the codec. The AI D is a differential 
design, 
this results in the gain of this input 
being effectively 
attenuated 
by half. If monitored 
with a high-impedance 
buffer, 


the output 
of the Tx low-pass 
filter 
can also be measured 
at 
the PDI pin. This test mode allows independent 
evaluation 
of 
the transmit 
low-pass 
filter 
and AID 
side of the codec. 
The 
transmit 
and receive channels of these devices are tested with 
the codec/filter 
fully functional. 
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VOO 16 
51 kO· 
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ROC 13 
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CLOCK 


-TI 
TOC 
12 
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10 
*To define ROD 
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Figure 
1. Test 
Circuit 
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RSI* 
Vre,* 
Peak-to-Peak Ovarload Voltage ITxl. RxOI 
Pin Level 
Pin Level 


VDD 
VSS 
7.56 Vpp 


VDD 
VAG+VEXT 
13.02 x VEXT) 
Vpp 


VAG 
VSS 
5 Vpp 


VAG 
VAG+VEXT 
(2 x VEXT) 
Vpp 


VSS 
VSS 
6.3 Vpp 


VSS 
VAG+VEXT 
12.52 x VEXT)VPP 


~ 


Programmed 
RSI 


Logic 
MulA 
Paak Overload 
VLS 


Level 
Voltage 


VDD 
Mu-Law 
Companding 
Curve 
and 
D3/ D4 
3.78 
CMOS 


Digital 
Formats 
with 
Zero 
Code 
Suppress 
Logic 
Levels 


VAG 
Mu-Law 
Companding 
Curve 
and 
Sign 
2.50 
TIL 
Levels 


Magnitude 
Data 
Format 
VAG 
Up 


VSS 
A-Law 
Companding 
Curve 
and 
3.15 
TIL 
Levels 


CCITI 
Digital 
Format 
VSS 
Up 


*Data 
output 
during 
this time 
will 
vary 
depending 
on TDC 
rate and TDE timing. 
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Figure 12. MC145502 
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Figure 18. MC145602 
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Figure 17. MC145602 
Passband Filter Response Transmit 
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Figure 19. MC145602 
High-Pass 
Filter Response Transmit 


2.0 
o 


-2.0 


-4.0 
i 
-8.li 


iE 
- 8.0 
c 
'" -10.0 


-12.0 


-14.0 


-16.0 


-18.0 
3.0 


m -0.2 
'"z -0.3 
C 
'" -0.4 


-0.5 


-0.6 


-0.7 


-O.R 
o 
0.4 
0.8 
1.2 
1.6 
2.0 
2.4 
2.8 
3.2 
3.6 


FREQUENCY (kHz) 


Figure 20. MC145602 
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Figure 21. MC145602 
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~ 
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U10 
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Normalized 
Digital Code 
Normalized 
Chord 
Number 
Step 
Encode 
1 
I 
2 
I 
3 
I 
4 
I 
6 T 
6 I 
7 
I 
8 
Decode 
Number 
of Step. 
Size 
Decl.lon 
Sign I Chord I Chord I Chord I Step I Step I Stap I 
Lavel. 
Level. 
Step 


8Hill 
1 
0 
0 
0 
0 
0 
0 
0 
8031 


7903 


8 
16 
256 


4319 
1 
0 
0 
0 
1 
1 
1 
1 
4191 


4063 


7 
16 
128 
2143 
1 
0 
0 
1 
1 
1 
1 
1 
2079 


2015 


6 
16 
64 
1055 
1 
0 
1 
0 
1 
1 
1 
1 
1023 


991 


5 
16 
32 
511 
1 
0 
1 
1 
1 
1 
1 
1 
495 
479 


4 
16 
16 
239 
1 
1 
0 
0 
1 
1 
1 
1 
231 


223 


3 
16 
8 
103 
1 
1 
0 
1 
1 
1 
1 
1 
99 


95 
: 


2 
16 
4 
35 
1 
1 
1 
0 
1 
1 
1 
1 
33 


31 
: 


1 
15 
2 
3 


1 
1 
1 
1 
1 
1 
1 
0 
2 
1 
1 
1 
1 
1 
1 
1 
1 
1 
1 
1 
0 
0 


NOTES: 


1. Characteristics are symmetrical about analog zero with sign bit =0 for negative analog values. 
2. Digital code includes inversion of all magnitude bits. 


II 


Normalized 
Digital Code 
Normalized 
Chord 
Number 
Step 
Encode 
1 
I 
2 
I 
3 
I 
4 
I 
5 
I 
6 
I 
7 
I 
8 
Decode 
Number 
of Steps 
Size 
Decision 
Sign I Chord I Chord I Chord I Step I Step I Step I Step 
Levels 
Levels 


4096 
1 
0 
1 
0 
1 
0 
1 
0 
4032 


3968 


7 
16 
128 


2176 
1 
0 
1 
0 
0 
1 
0 
1 
2112 


2048 


6 
16 
64 
1088 
1 
0 
1 
1 
0 
1 
0 
1 
1056 


1024 


5 
16 
32 
544 
1 
0 
0 
0 
0 
1 
0 
1 
528 


512 


4 
16 
16 
272 
1 
0 
0 
1 
0 
1 
0 
1 
264 


256 


3 
16 
8 
136 
1 
1 
1 
0 
0 
1 
0 
1 
132 


128 


2 
16 
4 
68 
1 
1 
1 
1 
0 
1 
0 
1 
66 
64 


1 
32 
2 
2 
1 
1 
0 
1 
0 
1 
0 
1 
1 
0 


NOTES: 
1. Characteristics are symmetrical about analog zero with sign bit = 0 for negative analog values. 
2. Digital code includes inversionof all magnitudebits. 


@ MOTOROL.A 


The MC145516 
is a member 
of the 
Motorola 
HCMOS 
dialer 
family, 
with 
options 
available 
to meet UK, French, and Australian 
national 
requirements. 
Three 
dialing 
modes 
are pin selectable: 


pulse, DTMF, and mixed. Mixed 
mode allows changing 
from pulse 
to DTMF 
by key entry. 


Memory 
storage 
is 9 x 18 digit 
Repertory 
numbers. 
3 x 18 digit 
Abbreviated 
recall 
numbers 
and 
22 
digit 
Last 
Number 
Recall 
(LNR). 


LNR 
uses the 
moving 
cursor 
method 
with 
a prefix 
and 
main 
registers. 
for use in residential 
and PBX connections. 


Memory 
storage 
is effected 
off-hook; 
Memory 
Recall numbers 
can be cascaded. 


The Flash or Timed 
Break Recall time 
is 90 ms nominal, 
but is 
extendable 
with 
an external 
RC. 


A power-on 
reset 
feature 
avoids 
problems 
due 
to corrupted 
memory 
if the power 
supply 
fails. 


• 
Standalone 
DTMF 
Dialer 
• 
Standalone 
Pulse Dialer 
• 
Mixed 
Dialing 
• 
Dial Mode 
Pin Selectable 
and Switchable 
Pulse to Tone 
from 
Keyboard. 


• 
Pulse Rate 10 PPS and Make/Break 
Ratio 33/67 
• 
4 x 5 Keypad 
• 
Pulse to Tone Mode 
change 
with· 
Key 
• 
Mute 
during 
Signalling 
• 
PBX Pause Storage 
for Memory 
Dial 
• 
Low Voltage 
Power-on 
Reset of Memories 
• 
Flash with 
Extendable 
Duration 
• 
9 x 18 Repertory 
Memory 
Stores 
• 
3 x 18 Abbreviated 
Recall Stores 
• 
4 Digit 
Prefix and 
18 Digit 
External 
Register 
moving 
Cursor 
LNR (Total 22 
Digits). 


• 
Dial Mode 
Change 
Storage 
in 12 x 18 Memories 
in 
Mixed 
Mode 
• 
Memory 
Cascaded 
Dialing 
• 
3.579545 
MHz 
CTV Crystal 
Reference 
• 
HCMOS, 
1.7 - 6V for Pulse and 2.5 - 6V for Tone 
Operating 
Voltage 
• 
Voltage 
Reference 
for Supply 
Voltage 
and Temperature 
Independent 
DTMF 


This document 
contains 
information 
on a new product. 


Specifications 
and information 
herein are subject to change without 
notice. 
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1 
P SUFFIX 
PLASTIC 
PACKAGE 


CASE 738 


FLO 
1_ 
VOO 
2 
C4 
3 
Cl 
4 
C2 
5 
C3 
6 
VSS 
7 
TS 
8 
Xl 
9 


X2 
10 


OW SUFFIX 
PLASTIC 
PACKAGE 


CASE 751 D 


20 R1 
190TO 
18 PO 
17 R2 
16 R3 
15 R4 
14 R5 
13 HS 
12 MO 
11 MS 


Pin compatible from 2 to 19 with 
MC14541 0/12/13 


II 


Rating 
Symbol 
Value 
Unit 


DC Su pply voltage 
VDD 
-0.5 
to +8.0 
V 


Input 
Voltage. 
any input 
Vin 
-0.5 
to VDD 
V 


DC Current 
drain. per pin 
I 
10 
mA 


Operating 
Temperature 
TA 
-25 
to +60 
·C 


Storage 
Temperature 
Tstg 
-65 
to +150 
·C 


elECTRICAL 
CHARACTERISTICS 
(VDD = 3.0V. 
VSS = O. FO = 3.579545 
MHz. 
TA ~ -25 
to +60·C 
unless 
otherwise 
stated) 


Parameter 
Symbol 
Min 
Typ 
Max 
Unit 


Operating 
Supply 
Voltage 
VDD 
V 


Tone 
2.5 
6.0 
Pulse 
1.7 
6.0 


Operating 
Supply 
Current 
IDD 
Tone 
1.0 
mA 
Pulse 
200 
IlA 


Memory 
Retention 
Voltage 
Vstby 
1.5 
V 


Stand-by 
Current 
(VDD = 2.5V) 
'stby 
0.05 
2.0 
IlA 


Input 
Voltage 
o Level 
Vii 
0 
.2VDD 
V 
1 Level 
Vih 
.8VDD 
VDD 


Input 
Leakage 
Current 
, 
1.0 
IlA 


HS. MU. 
PO 
Ig 


Output 
Current 
MU. 
FLD. PO. TO 
sink 
101 
0.7 
mA 
source 
-Ioh 
0.6 
mA 


Flash Output 
Duration 
Ttg 
80 
90 
100 
ms 


Flash 
Duration 
Extension 
~ext 
300 
ms 
Flash 
Hold-over 
time 
fhd 
30 
ms 


Keyboard 
Debounce 
Time 
Tdb 
20 
ms 


Clock 
Start 
up Time 
Tstck 
4 
ms 


Row/Column 
Input 
Impedance 
ToVDD 
Rin 
100 
k 
ohm 
To VSS 
5k 
ohm 


HS Reset 
Delay Time 
140 
160 
ms 


Mute 
Output 
Overlap 
Time 
Tmh 
80 
90 
ms 


Power-on 
Reset Delay 
MC145516 
100 
ms 
MC145516-1 
220 


Parameter 
Symbol 
Min 
Typ 
Max 
Unit 


Tone Output Level 
high group 
Vtoh 
0.34 
0.40 
0.46 
Vrms 
low group 
Vtol 
0.28 
0.32 
0.37 


Frequency 
deviation 
of Tones from nominal 
-0.65 
+0.65 
% 


Output Tone Leakage RI = 600 n 
-80 
dBm 


Output Impedance 
lto 
0.1 
0.5 
k ohm 


Tone Output Distortion 300 - 4000 
Hz 
RI = 1k n 
THD 
-25 
-25 
dB 


Tone output DC level 
Vtdc 
0.45 VDD 
0.50 VDD 
0.55 VDD 
V 


Preemphasis High Group 
2 
dB 


Tone Output Duration 


Manual 
Tdo 
80 
ms 
Memory 
MC145516 
100 
Memory 
MC145516-1 
80 


Tone Output Interdigit Time 
MC145516 
Tld 
100 
ms 
MC145516-1 
80 


Parameter 
Symbol 
Min 
Typ 
Max 
Unit 


Pulse Interdigit Time 
820 
ms 


Make/Break Ratio 
33/67 
% 


Start of Outpulsing Delay Time 
240 
ms 


II 


II 


VDD 
- POSITIVE 
POWER 
SUPPLY 


Maximum 
6V. Minimum 
1. 7V in Pulse mode and 2.5V 


in Tone 
and 
Mixed 
mode. 
The 
Power 
on 
Reset 
has 
highest 
reset 
priority, 
and 
resets 
without 
delay 
if the 


voltage 
drops 
below 
the 
Memory 
Retention 
voltage 
regardless 
of the state of the hook switch 
(HS) input. 


VSS 
- 
NEGATIVE 
POWER 
SUPPLY 
Connect 
to 
Ground 


MS 
- MODE 
SElECT 


Tristate 
input. 
logic 0 = pulse 
mode at 10 pps 
logic 
1 = tone 
mode 
open = mixed 
mode 


In mixed 
mode, after activation 
of the HS pin or Flash 
function 
key, the circuit 
is reset and stays in pulse mode 
until activation 
of the mode change 
key ~The mode then 
changes 
to DTM F dialing, 
but cannot 
be changed 
back 
again. The mode change function 
is inactive 
if the MS pin 
is set to logic 
1 or O. 


C1-4/R1-5 
- COLUMN 
ROW 
KEYBOARD 
INPUTS 


Standard 
single or double contact 
keys can be connec- 
ted. A logic 0 
simultaneously 
present 
at a single 
Row 
and a single Column 
is defined 
as a valid key entry. When 
a valid 
key entry 
is detected, 
the debounce 
counter 
is 
enabled. 
Key entry is debounced 
on the leading edge for 
12-20 
ms and on the falling 
edge for an 8 ms hold-on 
time. 
During 
debounce 
hold-on 
time 
any other 
key de- 
pressions 
are ignored. 


X1, X2 
- CLOCK 
OSCILLATOR 


On-chip 
oscillator 
connections 
for a low cost CTV crys- 
tal or resonator 
reference 
of 3.5795 
MHz. 


DTO - DTMF 
OUTPUT 


DTMF 
tone output 
pin. 12 DTMF 
tones 
are available, 


and 
single 
tones 
are 
obtained 
by 
simultaneous 
de- 
pressions 
of two 
keys on the same row or colum. 
The 
tone 
output 
duration 
is as long as the key is active, 
or 
minimum 
80 
ms in manual 
dialing. 
In memory 
dialing, 


the tone output 
duration 
is 100 
ms, with 
100 
ms inter- 
digit 
time 
(80 
ms/80 
ms for France, 
MC14551 
6-1 ) 


PO - PULSE 
OUTPUT 


Open 
Drain 
Output. 
Loop-Disconnect 
timing 
pulses 


appear at this pin after a valid key entry with 
a minimum 
delay of 240 
ms. The Flash timing 
pulse is also output 
on 
this 
pin. The standard 
option 
is active 
high 
(i.e. output 


high at break). 


MO 
- MUTE 
OUTPUT 


Open Drain Output. 
Mute 
is active 
high for the period 
of the pulse dialing 


string 
(including 
the interdigit 
time and break and make 


time) until the last digit 
is out. It is also active high for the 


Flash period 
with 
a flash 
hold over time 
of typo 30 
ms. 


During 
DTMF tone output. 
the mute is active high forthe 


period 
of tone 
emission 
with 
a mute 
hold over time 
of 
typo 80 
ms. 


HS - HOOK 
SWITCH 


A low to high transition 
input 
on the HS pin activates 


the clock 
oscillator 
and initialises 
the chip for dialing. 
If 


HS goes low for more than the reset delay time of 160 
ms 
(220 
ms 
for 
MC145516-1), 
a 
reset 
pulse 
is 


generated 
at the end of the reset delay period to reset the 


circuit 
to the 
standby 
mode. 
In the standby 
mode 
the 


keyboard 
is inhibited 
but the memory 
contents 
are pre- 
served 
as long 
as VDD 
is higher 
than 
the 
memory 


retention 
voltage. 
In standby 
mode 
the 
current 
con- 
sumption 
is typically 
much 
below 
one microampere. 


FLD - FLASH 
DURATION 
CONTROL 


This 
is used for control 
of the 
Flash or Timed 
Break 
Recall duration. 
If the FLD pin is left unconnected, 
the 


Flash duration 
is 90 
ms, timed 
by the circuit 
internally. 


This duration 
can be extended 
to a maximum 
of 300 
ms 
by connecting 
an RC to FLD. The extended 
duration 
is 
equal to R x C. 


TS - TEST 
MODE 


This pin is used for factory 
testing 
of the device, 
and 
should 
be 
left 
unconnected 
for 
normal 
and 
standby 
operation. 


keyboard interface 


col1 
col2 
col3 
col4 
® 0) B 
@ 
row 1 
0) 0 
(2) 8 
row 2 
8 0 0) 
@ 
row 3 
0) 0) 0 (3 
row 4 
0 0 8 8 
row 5 


II 


FLH 
FLASH 
FS 
PAUSE 
MS 
MEMORY 
STORE 
MR 
MEMORY 
RECALL 
LNR 
LAST NUMBER 
REDIAL 
PULSE TO TONE MODE 
KEY and res- 
pective 
DTM F tones 
(see note on different 
versions) 
N1. 
N2. 
N3 
ABBREVIATED 
RECALL 


II 


OPERATION 
(Keyboard 
entries 
shown 
in bold 
type) 


A 
MANUAL 
DIALING, 
MS PIN SET AT ANY 
MODE 
PUBLIC 
EXCHANGE 
CONNECTION 
- OFF HOOK 


01, .... 
ON 
Al) 
e.g. 816702 
Contents 
of LN R prefix 
register 
81 67 
Contents of LNR main register: 
816702 


PABX CONNECTION 
- OFF HOOK 
01, 
... 
On wait 
for access 
pause 01, 
... 
ON 
A2) 
e.g. 9 - 816702 
Contents 
of LNR prefix 
register: 
9816 
Contents 
of LNR main register: 


9816702 
ON HOOK - OFF HOOK 
P1, ... 
P4 
A3) 
e.g. 21 56 internal 
call 
Contents 
of LN R prefix 
register: 
2156 
Contents 
of LN R main register: 
9816702 


A maximum 
of 4 digits 
prefix entry to access the line 
prior to external dialing 
is possible. 
An internal 
exten- 
sion call of not more than 4 digits 
will 
not affect the 
previous 
external 
call 
number 
stored 
in the 
main 
register. 


The first four digits are stored in the LN R prefix regis- 
ter. 
On the 
5th 
digit 
entry 
an overflow 
condition 
occurs 
and the first 
four 
digits 
are copied 
into the 
least significant 
digits 
of the 
main 
register 
and all 
following 
digits 
will be stored 
in the main register. 
If 
a total of more than 22 digits 
is entered. 
Redial (LN R) 
will 
be inhibited. 


USE OF" 
AND 
# 
When 
in DTM F mode. depression 
of the # or " key 
produces 
the corresponding 
output 
tones. but these 
and subsequent 
key entries 
are not dialed 
in LNR in 
any ofthe 
dialing 
modes provided 
morethan 
4 digits 
were dialed 
before 
depressing 
# or". 
(They can be 
stored 
for Memory 
Redial - see below). 


In pulse mode. pressing 
of # or" 
produces 
no signal 
output 
and the key entry is ignored. 
Use of " does not 
change 
the dial mode 
if pin MS is connected 
logic 
high or low. 


B 
LNR 
- 
MODE 
(MS) 
PIN 
SET 
TO 
ANY 
OF THE 
THREE 
MODES 
PUBLIC 
EXCHANGE 
CONNECTION 
- OFF HOOK 
lNR 
e.g. 
following 
example 
A 1) 
above: 
816702 
is 
dialed 
PABX CONNECTION 
- OFF HOOK 
lNR 
e.g. following 
example 
A3) 
above: 
2156 
is dialed. 
PABX CONNECTION 
- OFF HOOK 
P1, ... 
P4 wait 
for access tone lNR 
A4) e.g. following 
example 
A3) above: 9 - 816702 
is dialed. 


If LNR is the first 
key entry 
after an on- to off-hook 
transition, 
redial 
starts 
from 
the 
prefix 
register. 
A 
moving 
cursor 
advances 
to the next digit 
upon com- 
pletion 
of output. 
If the number 
of previously"entered 


digits 
between 
an on-hook/off-hook 
transition 
was 
4 or less, 
overflow 
was 
not 
set. 
and 
the 
moving 
cursor will not move on tothe 
main register. 
Only the 
contents 
of the prefix register 
will be redialed. 
Other- 
wise the moving 
cursor will move on continuously 
to 
the 5th position 
of the main register 
and continue 
on 
to dial out the 
remainder 
of the 
digits 
in the 
main 
LNR register. 


If a dialing 
sequence 
of n digits 
is entered 
after going 
off-hook, 
followed 
by LNR, the moving 
cursor 
starts 
at the (n + 1)th position 
in the main register 
and dials 
out the remaining 
digits. 
If n was 4 or less and the 
digits 
entered 
were different 
from those 
stored 
pre- 
viously 
in the 
corresponding 
positions, 
the 
new 
digits overwrite 
the previous 
ones in the prefix regis- 
ter and the redial starts as before atthe 
next position. 


If n was greater 
than 
4, LNR will 
be ignored. 
After 
redial of an external 
number 
in the main register, 
any 
internal 
number 
in 
the 
prefix 
register 
will 
be 
cleared. 


C 
MIXED 
MODE 
DIALING. 


MS PIN NOT CONNECTED 
01, 
... 
On 
" 
0, ... 
ON 


Digits D 1 to Dn will dial out in pulse mode, digits 
D to 
DN in tone mode. 
" produce 
no signalling 
output 
in 
MC145516.lfhowever" 
is keyed in a second time it 
is transmitted 
normally 
in the 
DTM F part 
of the 
number. 
The -1 option 
(France) 
does however 
pro- 
duce the MF tones 
upon first 
entry 
of ". 


In mixed 
mode dialing, 
on the first 
pulse dial part of 
the 
number 
will 
be 
redialed 
after 
entering 
LNR, 


unless the" 
key is entered 
before 
LNR, in which 
case 
the 
DTMF 
digits 
will 
be 
dialed 
on 
depressing 
LNR. 


e.g. 
i) manual 
dial 
956457"123 
on-hook/off-hook 
lNR 
956457 
(pulse) 
is dialed 


915432#31"2 
191543231 
(pulse) 
is 
dialed 
and 2 in dtmf. 
The # 
is ignored 
in the pulse 
part 
of the number. 


on-hook/off-hook 
lNR 
91543231 
(pulse) 
is 
dialed. 
The" 
and following 
2 in dtmf 
are inhibited 
in 
redial. 


D 
USE OF PAUSE (PS) 
Pause is normally 
stored 
in memory 
recall 
dialing 
where 
for example 
a PBX access 
pause is required. 
Pause can also be keyed 
in manual 
dialing 
as if it 
were 
a digit 
in any 
position 
if desired. 
creating 
a 
pause 
at that 
position 
during 
LNR. 
It produces 
a 
pause 
of 4 seconds. 
PS is stored 
as one digit 
in 
memory. 
Multiple 
PS entries can be cascaded 
to pro- 
duce 
a 
total 
pause 
length 
of 
a 
multiple 
of 
4 
seconds. 


During the time pause is active. in LNR or in memory 
dialing, 
it can be interrupted 
to resume 
dialing 
by 
depressing 
any key. 


E 
MEMORY 
STORE 
A typical 
sequence 
to store 
a number 
in memory 
is: 


MS. A 01 •... 
ON 
Where 
A is the address 
of the storage 
location. 
and 
D 1 to DN are valid key entries 
including 
digits. 
PS, # 
and *. Address 
A is any single 
digit 
1 - 9, N 1, N2 or 
N3. Memory 
storage 
is possible 
in the off-hook 
(HS 
high) state only. and to avoid drawing 
current 
in the 
on-hook 
state the keyboard 
is inhibited 
when 
HS is 
low. After 
pressing 
the MS key, the signal output 
is 
inhibited. 
and the first numeric 
key (except 0) or N 1, 


N2, 
N3, 
which 
follows 
is treated 
as the 
memory 
address 
and subsequent 
digits 
as data. A total of 18 
digits 
can be stored. 
If the first 
key entry after MS is 
not a valid address, 
it will 
be ignored 
until the next 
entry 
of a valid address 
key. i.e. 1 - 9. N 1, N3, N3. 
Memory 
storage 
can be entered 
during 
conversa- 
tion, 
enabling 
the 
use of memory 
as a NOTE PAD 
facility. 


F 
MEMORY 
REDIAL 
PUBLIC 
EXCHANGE, 
ANY 
DIALING 
MODE 
- OFF 
HOOK 
A typical 
sequence 
using 
memory 
redial 
is: 


MRA 
where 
A is any valid address, 
i.e. 1 - 9, 


or using 
abbreviated 
redial: 


N1 or N2 or N3 


Mixed 
dialing 
in memory 
is only possible 
ifthe 
mode 
select 
pin MS is set to mixed 
dialing. 
PABX CONNECTION 
Memory 
recall can be cascaded 
with the prefix digits 
in a PABX connection 
e.g.: 


P1 •... 
P4 wait 
MR A or N1 or N2 or 
N3 


Ifthe 
first key entry after MR is not a valid address, 
it 
will be ignored 
until the next entry of a valid address 
key, i.e. 1 - 9. Digits entered 
after a valid address 
will 
be dialed 
in cascade after emission 
of the number 
in 
memory. 
If the storage 
address 
contains 
no stored 
number, 
no 
signalling 
is output 
and 
the 
device 
reverts 
to conversation 
mode. 


G 
CASCADED 
MEMORY 
REDIAL 
Memory 
redial 
can 
be cascaded 
with 
LNR, 
other 
memories 
and manual 
dialing. 
All of the following 
sequences 
are valid: 
LNR MR A. 
MR A1 
MR A2. 
MR 
A1 
01•... 
02. 
P1, ... 
P4 
wait 
MR 
A1 
MR 
A2. 


During 
dialing 
out all key entry 
is inhibited, 
so that 
the second function 
key must be entered 
after com- 
pletion 
of the previous 
number. 


H 
FLASH 
Flash 
provides 
a timed 
break 
recall, 
generating 
a 
pulse of fixed duration 
at the PO output. 
The moving 
cursor 
is reset and if the number 
of subsequently 
dialed 
digits 
is a maximum 
of 4, they are stored 
in the LN R pre- 
fix register 
and can be used for convenient 
internal 
call 
transfer. 
The Flash output 
is only generated 
when 
the 
chip 
is in the DTM F dialing 
state, 
and inhibited 
in the 
pulse 
state. 
(MC145516-1 
allows 
Flash in pulse 
and 
DTMF 
dialing). 
During 
the flash 
pulse, the Reset Delay 
counter 
is inhibited. 


MC145516-1 
FRENCH 
REQUIREMENTS 
Power 
Up Reset Delay 
220 
ms 
DTMF 
Duration 
80 
ms 
DTMF 
Interdigit 
Time 
80 
ms 
FLASH 
in all dialing 
modes 
In mixed 
mode, entry of * emits 
cor- 
responding 
tones 
and 
switches 
signalling 
from 
pulse 
to 
DTMF 
simultaneously. 


II 


A 


LINE 


PULSE 
DIAL 


FLASH 


SIDEONE 
NETWORK 


Nl 
N2 N3 MR 


1 
2 
3 
MS 


4 
5 
6 
P 


7 
8 
9 
F 


0 
# 
LNR 


MC145516 


DTMF/PULSE 
DIALER 


® MOTOROl.A 


ADPCM 
TRANSCODER 


The MC145532 
Adaptive 
Differential 
Pulse Code Modulation 
(ADPCM) 
Transcoder 
provides 
a low cost full duplex 
single chan- 
nel transcoder 
to (from) a 64 kbps PCM channel 
from 
(to) either a 
16 kbps, 
24 
kbps, 
32 
kbps, or 64 
kbps channel. 


Complies 
with 
CCITT 
Recommendation 
G.7 21 
(Geneva 
1986) 
Complies 
with 
the American 
National 
Standard 
(T1.301-1987) 
Full Duplex 
Single 
channel 
operation 
Il-Law 
or A-Law 
coding 
is pin selectable 
Synchronous 
or Asynchronous 
Operation 
Easily interfaces 
with 
any member 
of Motoria's 
PCM CODEC/ 


Filter Mono-Circuit 
Family or other 
Industry 
Standard 
CODECs 
Serial 
PCM and ADPCM 
data transfer 
rate from 
64 
kbps 
to 
4.1 
Mbps 
Power 
Down 
Capability 
for low current 
consumption 
The 
Reset 
State, 
an option 
specified 
in the 
standards, 
is 
automatically 
initiated 
on Power 
Up 
CMOS 
Input/Output 
Compatable 
Single 
5 Volt 
Power Supply 
16 Pin Package 


DDO 


DOE 


DDC 


DDI 


DIGITAL 
SIGNAL 
PROCESSOR 


CASE 
648 
PLASTIC 


MODE 
Vdd 


DDO 
EDO 


DOE 
EOE 


DDC 
EDC 


DDI 
EDI 


DIE 
EIE 


RESET 
CSC 


Vss 
SYNC 


EDO 


EOE 


EDC 


EDI 


PD/ 
RESET 


II 


II 


® MOTOROLA 


The MC145601 
Time Slot Interchange 
Circuit 
(TSIC) is a CMOS 
IC specially 
designed 
for switching 
Pulse Code Modulation 
(PCM) 
voice or data, under 
microprocessor 
control, 
in a digital 
exchange 
or central 
office. 
It connects 
any 256 
incoming 
PCM channels 
to 
any 256 
outgoing 
PCM channels. 


5 Volt supply. 
8 x 32 channel 
input. 


8 x 32 channel 
output. 


256 
ports 
non-blocking 
digital 
switching 
matrix. 


building 
block 
for digital 
PABX. 


expandable 
to larger capacity 
block. 


32 serial channels 
per frame. 
typical 
bit rate: 2.048 
Mbitls. 
typical 
synchronization 
rate: 8 KHz. 


interface 
to MC68XXX 
family 
microprocessors. 


8 instructions 
available. 
40 
pin dual in line package. 


OC4 


OC3 
OC2 
OC1 
OCO 
RX7 
RX6 
RX5 
RX4 
VSS 


RX3 
RX2 
RX1 
RXO 
READY 


DTACK 
RS1 


RSO 
RIW 


CS 


PSUFAX 
PLASTIC PACKAGE 
CASE 711-03 


1 
'-' 
40 
2 
39 
3 
38 
4 
37 
5 
36 
6 
35 
7 
34 
8 
33 
9 
32 
10 
31 
11 
30 
12 
29 
13 
28 
14 
27 
15 
26 
16 
25 
17 
24 
18 
23 
19 
22 
20 
21 


RESET 
CLOCK 
SYNC 
TX7 
TX6 
TX5 
TX4 
VDO 
TX3 
TX2 
TX1 
TXO 


D7 
D6 
D5 
D4 
D3 
D2 
D1 
DO 


® MOTOROLA 


The 
PCM 
conference 
circuit 
MC145611 
is a CMOS 
device 
designed 
for voice conference 
in a digital 
(PCM) telephone 
switch 
such as a TDM 
PABX. The device is capable of providing 
mixing 
of 
upto 
8 channels 
(parties) 
such that every party can hear when one, 
or more 
parties 
speak at the same time. 


The technique 
of level priority 
coding 
is used. It provides 
a low cost 
means 
of 
mixing 
of 
PCM 
voice 
codes 
for 
voice 
conference 
application. 


20 
pins DIL package. 


Single 
+5V 
power 
supply. 
Support 
standard 
Mu-Iaw 
or A-law 
PCM codes. 


Directly 
off the PCM highways. 


4.096 
MHz 
clock, 
8 KHz frame 
sync and serial 
PCM data 
comply 
with 
codec timing 
used in the PABX system. 
One-frame 
delay to PCM data. 


• 
Built-in 
time 
slot assignment 
circuit. 


• 
Serial data with 
MCU 
interface. 


8 parties 
conference 
in single 
group 
or split 
into tvyo 
groups. 
Intrusion 
party channel 
time 
slot assignment 
provided. 


Built-in 
maskable 
tone 
signalling. 
Tone level and frequency 
external 
adjustable. 


HCMOS 
PCM CONFERENCE 
CIRCUIT 


PIN ASSIGNMENT 


DCI 
1 
20 
Vdd 


FS 
2 
19 
N.C. 


PCM IN 
3 
18 
TEAO 


PCM OUT 
4 
17 
TE2 


PCM EN 
5 
16 
TEl 


Mu#/A 
6 
15 
TL3 


CTS 
7 
14 
TL2 


CS 
8 
13 
TLl 


DI 
9 
12 
TF 


Vss 
10 
11 
DCLK 


II 


II 


® MOTOROLA 


TELEPHONE 
RING 
SIGNAL 
IMPEDANCE 
MATCHING 
AND 
PROTECTION 
CIRCUIT 


The TCA 3381 Ring Signal Impedance Matching and Protection Circuit 
is designed for usewith the companion TCA 3383A/B Transmission Cir- 
cuit, and TCA 3382 Telephone Set Speaker Amplifier 
Circuit. These 
devices, together with a microcomputer unit form the basis of a fully 
electronic telephone set. With the telephone on-hook, the TCA 3381 is 


connected 
to the line and converts 
the ring voltage 
into a current 
which 
feeds the TCA 3382. The conversion voltage/current 
is necessary to 


decrease 
the 
harmonic 
distortion 
of the 
ring signal. 


The 
input 
impedance 
of the 
circuit 
is programmable 
so that it can 
be 
matched by the designer to the line impedance in order to maximize the 
available energy in the case of a long line. Fiveprogrammed impedance 


values 
can be pin-selected, 
other 
values 
by adding 
external 
resistors. 


The 
inputs 
include 
circuitry 
to protect 
the 
device 
against 
overvoltage 


surges 
due to lightning 
and 
accidental 
connection 
to the 
mains. 


• 
Line impedance matching, programmable 


• 
Lightning 
and 
mains 
protection 


• 
Voltage/current 
conversion 


• 
Breakdown voltage 150V 


1PROGRAMMABlE 
J IMPEDANCE 


TELEPHONE 
RING SIGNAL 


IMPEDANCE 
MATCHING 
AND 


PROTECTION 
CIRCUIT 


2 - 
Zoutput 


3 - Threshold selection 


5 - Zadjust 


6 - Zadjust 


7 - Zadjust 


8 - Vline 


Rating 
Symbol 
Value 
Unit 


Line Voltage 
VL 
150 
V 


Operating 
Ambient 
Temperature 
TA 
- 20 to 60 
°C 


Storage Temperature 
T5t9 
-65 
to 150 
°C 


Operating 
Junction Temperature 
TJ 
150 
°C 


Thermal 
Resistance Plastique 
Package 
Rt 
65 to 95 
°C/W 


Characteristic 
ITA= 
25°CI 
Figure 
Symbol 
Min 
Typ 
Max 
Unit 


Input 
Impedance 
ITA ~ 
- 20 to 
+ 601 
2 
ZL 
50·Rext 
65 -Rext 
75 -Rext 
0 


ZL = l1VL = impedance 
3 
ZL 
4.2 
4.9 
6.2 
KO 
t.IL 


between pin 8 and 4 
4 
ZL 
4.4 
5.2 
6.6 
KO 


(Slope between 
20 and 80 V) 
5 
ZL 
5.5 
6.5 
8.3 
KQ 
6 
ZL 
6.6 
7.8 
10.5 
KQ 
7 
ZL 
7.1 
8.3 
11.0 
KQ 


IL (VLI Characteristics 
9 


Threshold 
up 
10 
VLU 
110 
130 
V 


Threshold 
down 
10 
VLD 
90 
120 
V 


Hysteresis 
10 
VL 
5 
30 
V 


Inhibited 
current 
10 
III 
- 
5 
mA 


Breakdown 
(I pin8 = 10 mAl 
10 
VBK 
150 
- 
V 


Distortion 


Level of each harmonic 
11 
LH 
- 
-14 
0 
dBm 


(4 Quadrants 


source) 


II 


II 


Fig.3 


Fig.4 


Fig.6 


Fig.7 


_________ 
-_~-~--~ 
.•••- 
ZL 


10 
(k,,) 


ZL = IIVL = 
80-20 


IIIL 
(10.4-2) 
10-3- 
7143 
Q 


FIGURE 11 - 
RINGING 
DISTORTION 
TEST SET-UP 


~(RMSl 
470 


Vo 


lH 
= 2010910 


60.63x 
10-3 


FIGURE 12 - 
LIGHTNING 
PROTECTION 
MEASUREMENT 


as described in TMA/PRL/192 
recommendation 
edited by the CNET-France 


15n 
25n 
47.•• 
l1'f 
vet.n: 


1 


& 
lkn 
IL 
8 
50n 
TCA3381 
7 


lOOnf 
-aWl 
1"1-4 
04-105 
IN4148 


FIGURE 13 - 
SHAPE OF THE SURGE APPLIED 
ON THE 


SPARK-GAP 
(Fig. 14) 


FIGURE 14 - 
TYPICAL 
PERFORMANCE 
UNDER LIGHTNING 
TEST 


CONDITIONS 
(Computer simulation) 


IL 
VL (Vl 
(mAl 


30 
Ve 
O,9Ve 


t1 Iyp 
= 0.5 ~s 
12 Iyp 
= 700 ~s 


100V < Vc < 1O·000V 
Vc Iyp 
= 2000 V 


veIl 


O,3Ve 


II 


•• 


@ MOTOROLA 
TCA 3382 
TCA 3382A 
TCA 33828 


TELEPHONE 
SET RING 
DETECTION 
AND 
LOUDSPEAKER 
AMPLIFIER 
CIRCUIT 


The TCA 3382 
Telephone 
Set Speaker 
Amplifier 
I.C. is designed 
for use 


with 
the 
companion 
TCA 
3383 
Transmission 
Circuit. 
and 
TCA 
3381. 


These 
devices 
together 
with 
a microcomputer 
form 
the basis 
of a fully 


electronic 
telephone 
set. With 
the telephone 
on-hook, 
the TCA 3382 


detects 
the 
presence 
ot a call signal 
on the 
line and energy 
is derived 


from 
this signal 
to power 
up the system 
so that 
a ring melody 
generat- 


ed by the 
microcomputer 
is heard 
at the 
loudspeaker. 
With 
the 
tele- 


phone 
off-hook, 
the received 
speech 
signal 
is heard 
at the loudspeaker. 


Sidetone 
and line length 
compensation 
of the speaker 
amplifier 
gain are 


provided 
by the TCA 3383. 


• 
Power 
derived 
from 
Ring 
Signal 


• 
Reset/Reset 
and ffiii9 outputs 
for microcomputer 


• 
Amplifier 
gain 
controlled 
by microcomputer 


• 
Guaranteed 
ring signal 
detection 
limits 


• 
On-chip 
protection 
against 
microphone/loudspeaker 
howl 
(" Antilar- 


sen") 


• 
TCA 33828: 
Input 
Voltage 
of Switching 
Power Supply 
(Ring Mode) 


lower 


• 
TCA 3382 
A: Like TCA 3382 
B but external 
feedback 
for loudspeaker 


amplifier 
gain. 


TELEPHONE 
SET 


RING DETECTION 


AND LOUDSPEAKER 


AMPLIFIER 
CIRCUIT 


24 PIN DIL PACKAGE 


ORDERING INFORMATION: 
TCA 3382-DP 
TCA 3382A-DP 
TCA 33828-DP 


Characteristic 
Figure 
Symbol 
Min 
Typ 
Max 
Unit 


Speech 
Mode 


11 Inhibited 
Circuit 
(Gl ~ G2 ~ 0: pulled to VCOMMI 
Vc ~ 14 V 


VCC Consumption 
ICC 
1 
ICCOO 
- 
300 
700 
~A 
Line Current lEA 
1 
IEAOO 
- 
5 
100 
~A 


21 Working 
Circuit 


(Gl # 0; G2 # 0; Gl and/or 
G2 pushed to VCC) 
VCC Consumption 
(Gl ~ G2 ~ 1) 
1 
ICCll 
- 
600 
800 
~A 
VCC Consumption 
(Gl ~ 0; G2 ~ 1) 
1 
ICC01 
- 
1.1 
1.6 
mA 
a) AVE ~ 2 V 
Line Current (lEA) 
1 
IEA2 
- 
100 
500 
~A 
Line Current Correction 
(ICOR) 
1 
ICOR2 
- 
0.5 
1 
~A 
b) AVE = 2.9 V 
Line Current (lEAl 
1 
IEA29 
5.5 
7 
9.5 
mA 
Correction 
Ratio: k 
::0 IEA/ICOR 
1 
k29 
530 
550 
600 
None 
Amplifier 
Power Supply (VEA) 
1 
VEA29 
VCC-l 
VCC-0.6 
VCC 


c) AVE ~ 3.25 V 
. 
Line Current (lEAl 
1 
IEA325 
7 
10 
14 
mA 
Correction 
Ratio: K 
::0 IEA/ICOR 
1 
K325 
530 
550 
610 
None 
Amplifier 
Power Supply (VEAl 
1 
VEA325 
VCC-l 
VCC-06 
VCC 
dl AVE = 3.55 V 
Line Current (lEA) 
1 
IEA355 
10 
12 
17 
mA 
Correction 
Ratio: k 
::0 IEA/ICOR 
1 
K335 
530 
560 
610 
None 


Amplifier 
Power Supply (VEAl 
1 
VEA355 
VCC-l 
VCC-0.6 
VCC 
e) AVE = 6.0 V 
Line Current (lEA) 
1 
IEA6 
11 
14 
18 
mA 
Correction 
Ratio: k 
::0 IEA/ICOR 
1 
K6 
530 
570 
620 
None 


Amplifier 
Power Supply (VEAl 
1 
VEA6 
6.5 
7.5 
8.5 
V 


31 Any Gl. G2 
Reference Voltage Input Bias 
1 
IV'R 
- 
15 
200 
nA 


Line Length Sense Input Bias 
1 
lAVE 
- 
10 
200 
nA 
Earphone Input Bias E, 
1 
IEl 
- 
10 
50 
~A 
Earphone Input Bias E2 
1 
IE2 
- 
10 
50 
~A 
Microphone 
Input Bias 
1 
1M 
- 
0.05 
1 
~A 


4) 
Gain Control 
Lo9ical ·0· 
Level (Gl or G2) 
VGO 
VCOM 
- 
Vcom +0.4 
V 


Logical"'" 
Level (G, 
or G2) 
VGl 
VCC-l 
- 
VCC 
V 


Bias Current at Logical "0" 
(G, or G2) 
hGoi 
- 
1 
10 
~A 


Bias Current at Logical"'" 
(G, or G21 
hGll 
- 
35 
100 
~A 


5) 
Ringing Information 
Off 


VRING 
1 
VRGS 
VCC-0.4 
VCC-O.l 
VCC 
V 


6) 
Amplified 
Speech Gains 
Gl = G2 = ·1· 
-lCA 
3382 - lCA 
3382 8 
2 
GAS11 
18 
20 
22 
d8 
-lCA 
3382 A 
2 
GASll 
23 
27 
31 
d8 
al Gain Variation (Ref. Gl ~ G2 ~ 1) 
Gl = ·1·; 
G2 = ·0· 
2 
l1GAS10 
5 
7 
9 
d8 


Gl ~ ·0·; 
G2 ~ ·1· 
2 
l1GASOI 
13 
15 
17 
d8 
b) Inhibited Amplified 
Speech 
Gl ~ ·0·; 
G2 ~ ·0· 


-lCA 
3382 - lCA 
3382 8 
2 
GASOO 
- 
-30 
-20 
d8 
-lCA 
3382 A 
2 
GASOO 
- 
-25 
-15 
d8 


7) 
Max. Power on Loudspeaker 
Gl 
::0 G2 
::0 "1": Distortion'" 
3% 
2 
PL 
500 
600 
- 
mVRMS 


II 


II 


Characteristic 
Figure 
Symbol 
Min 
Typ 
Max 
Unit 


Speech Mode 


81 ..Larsen" Effect Cancellation 


a) VM2 '" 0.1 mV Peak 
·TCA 3382 
- TCA 3382 
8 
3 
GASllAO 
18 
20 
22 
d8 
·TCA 3382 A 
3 
GASllAO 
23 
27 
31 
d8 
bl VM2 •••0.8 mV Peak 
·TCA 3382 
- TCA 3382 
8 
3 
GASllAl 
- 
-4 
0 
d8 
·TCA 3382 A 
3 
GASllAl 
- 
3 
8 
d8 


9) Amplified 
Melody/Supervision 
a) Gl = G2 = "1" 
Gain to loudspeaker 
·TCA 3382 - TCA 3382 
8 
4 
GAMll 
4 
7 
10 
d8 
-TCA 3382 A 
4 
GAMll 
9 
14 
19 
d8 
Gain to Earphone 
·TCA 3382 
- TCA 3382 
8 
4 
GAMEll 
- 
-60 
-30 
d8 
-TCA 3382 A 
4 
GAMEll 
- 
-55 
-25 
d8 
b) Gl = G2 = "0" 
(Lon9 Testl 
Gain ta loudspeaker 
·TCA 3382 - TCA 3382 
8 
4 
GAMOO 
4 
7 
10 
d8 
-TCA 3382 A 
4 
GAMOO 
9 
14 
19 
d8 
Gain to Earphone 
-TCA 3382 
- TCA 3382 
8 
4 
GAMEOO 
-23 
-17 
-11 
d8 
·TCA 3382 A 
4 
GAMEOO 
-23 
-17 
-11 
d8 
cl Gain Variation (Loudspeaker) 
Reference Gl = G2 = ..,- 
Gl = "1"; 
G2 = "0" 
4 
IIGAM10 
1 
4 
7 
d8 
Gl = "0";G2 
= "I" 
4 
IIGAMOl 
8 
11 
15 
d8 


Microprocessor 
Protection 


Limitation of VCC - VCOM 
5 
VALM 
5.2 
5.6 
6 
V 


Start-Up 
Information 


11 VCC - VCOM = 3.2 V 
VRESET 
6 
VRSTl 
VCC-0.4 
- 
VCC 
V 


VRESET 
6 
VRSTNO 
VCOM 
- 
VCOM+0.4 
V 


VRING 
6 
VRGL32 
VCC-0.4 
- 
VCC 
V 
21 VCC - VCOM = 3.7 V 


VRESET 
7 
VRSTO 
VCOM 
- 
VCOM+0.4 
V 


VRESET 
7 
VRSTNl 
VCC-0.4 
- 
VCC 
V 


VRING 
7 
VRGL37 
VCC-0.4 
- 
VCC 
V 


Ringing 


1) Ringing Information 
a) I = 2.8 mA; VRiNG 
8 
VRGl 
VCC-04 
- 
VCC 
V 
b) I = 8.5 mA; VRiNG 
8 
VRGO 
VCOM 
- 
VCOM+0.4 
V 


2) 
Max. Loudspeaker Power 
I = 14 mA; VMM 
= 1 kHz Large Square Waves Signal 
VHP peak to peak 
·TCA 3382 
8 
PLR 
2.8 
3 
- 
V 
'TCA 3382 A - TCA 3382 
8 
8 
PLR 
2.4 
2.7 
- 
V 


3) Amplified 
Melody (I = 8.5 mAl 
a) 61 = 62 = .., .. ; Gain to loudspeaker 
-TCA 3382 - TCA 3382 
8 
8 
GAMRll 
3 
6 
9 
d8 
-TCA 3382 A 
8 
GARMll 
9 
13 
17 
d8 
b) Variations to Loudspeaker 
Reference G1 = , ; G2 = 1 
Gl = "1";G2 
= "0" 
8 
IIGAMR10 
8 
11 
14 
d8 
Gl = "0"; 
G2 = "1" 
8 
IIGAMROl 
20 
24 
28 
d8 


4) 
Input Switching 
Power Supply 
1= 8.5 mA; Vp 
-TCA 3382 
8 
Vp 
26 
28.5 
31 
V 
-TCA 3382 A - TCA 3382 B 
8 
Vp 
19 
22 
25 
V 


5) Correction Saturation 
1= 8.5 mA; VICOR 
8 
VICOR 
0 
- 
0.8 
V 


Rating 
Symbol 
Value 
Unit 


Operating Ambient Temperature 
TA 
-20to 
+60 
°C 


Storage Temperature 
TS 
-65 to +150 
°c 


Operating Junction Temperature 
TJ 
150 
°c 


Thermal Resistance(Plastique 
Package) 
RO 
70 to 95 
°C/W 


On-hook mode 
In this mode, the functions 
realized by the TCA 3382 
are: 


• 
Threshold detection 
of a ring signal current, 
normally provi· 


ded by the TCA 3381, 
establishing the power for the micro· 


computer 
via the TCA 3383 
power supply output. 


• 
Logic 
signals 
RING, 
RESET and 
RESET for 
the 
micro- 


computer. 


• 
Amplification 
to 
the 
loudspeaker 
of a ring melody 
signal 
(square waves) generated by the microcomputer. 
• 
Control of amplifier 
gain by two 
bits from microcomputer. 


In this 
mode 
of 
operation, 
the 
current 
consumption 
of 
the 
TCA 3383 
is limited 
to 600 
pA typically 
in order to allow the 
maximum 
of power to drive the loudspeaker. 


The ring melody applied on pin 7 is active when the signal rea- 
ches 1.5 V above COMM (pin 2). Above this level an audio signal 
on this pin is transmitted 
analogically 
to the HP output 
(loud· 
speaker) and to the earphone. 
Below this level the HP output 
maintains a steady DC level equal to VCCI2 (VEAI2 in Off-Hook 
model. 


Positive 
power 
supply, 
voltage 
controlled 
externally 
e.g. by TCA 3383 
(pin 281. Ampli- 


fier power supply in ring mode. 
Most negative voltage of line bridge. 
Digital ground. Regulated 4V supply is provided 
between 
VCC and VCOMM 
by TCA 3383 
in 
Off-Hook 
mode. 


Ring 
signal 
sense 
input 
(Switching 
power 
supply input!. 
Switched 
supply. 
A 
square 
wave 
signal 


(50 kHz typically) 
appears between 
Vp and SS 
for switch·mode 
power supply to external PNP 
transistor. 
Amplifier 
power 
supply 
in 
amplifier 
speech 
mode, derived from V'c. 
Must be decoupled by a grounded capacitor. 
Unregulated 
supply from pin 15 of TCA 3383. 


Part of DC line voltage needed for loudspeaker 
amplifier 
peak current 
limiting 
as function 
of 


line length. 
Must 
be connected 
to pin 17 of 
TCA 3383. 
Input: 2.4 V provided by TCA 3383 
as a refe- 


rence 
for current 
limiting 
as function 
of line 


length, connected 
to pin 25 of TCA 3383. 


DC current 
feedback 
to pin 13 of TCA 3383 
providing 
a compensation 
to retain same line 


current/voltage 
characteristic 
when TCA 3382 
is connected. 


Off-hook 
mode 
In this mode, the 3382 
is powered by the TCA 3383 
and provi- 


des a voice signal amplification. 
The voice signal inputs (pin 8,9) 
are directly connected 
to the earphone output pin 4 and 5 of the 
TCA 3383, 
The mean current of the output amplifier (pin 13) is controlled 
as 
a function 
of the line length by the TCA 3383 
and, due to lcor 
(pin 17) the total current 
consumption 
of the system 
respects 
the same limits of line current/voltage 
characteristic 
as the TCA 
3383 
transmission 
circuit alone (see TCA 3383 
data sheet. fig. 
81. The gain of the speaker amplifier 
can be set by two 
logic 
inputs G1. G2 (pin 20,191. If Gl = G2 = 0, the speaker amplifier 
is turned off. 
The power delivered to the loudspeaker 
is a function 
of the line 
length and the loudspeaker impedance (50 Q recommended). 
A 
system 
(Antilarsen) 
minimizes 
the 
howling 
caused 
by 
mic./speaker 
coupling. 


MIC1,MIC2 
E1, E2 
G1,G2 


RESET,RESET: 


Decoupling 
capacitor 
to COMM 
for 
sidetone 
cancellation 
by howling 
effect. 


Connection 
for integrator 
capacitor 
for micro· 


phone sidetone 
reduction 
and minimisation 
of 
howling 
caused by mic./speaker 
coupling. 


External ring melody inputs. 
Loudspeaker output. 
Typically loaded by 50 n. 
Connection 
for external 
feedback 
between 
LP 
and 
HP (TCA 
3382 
only). 
This feedback 
is 
internal 
(typ. 
220K) 
in TCA 
3382 
and TCA 
3382 
B. 


Microphone 
inputs for howling 
effect 
sensing. 


Earphone inputs for amplified 
speech. 


Logic 
inputs 
for 
gain control 
of 
loudspeaker 
amplifier. 
Push-Pull outputs saturated to VCC or VCOMM 
logic signals for microcomputer 
initialisation 
or 
re·initialisation. 
RESET follows 
VCC if (VCC - VCOMM 
<3.4 
V 
(typ.) 
RESET=VCOMM 
for (VCC-VCOMM 
>3.4 
V 
(typ.) 
RESET=VCOMM 
for (VCC-VCOMM 
<3.4 
V 


(typ.) 
RESET follows 
VCC if (VCC - VCOMM 
>3.4 
V 


(typ.) 
Open collector 
output 
saturated 
to 
VCOMM 
during ring signal. MUST be pulled up. 


II 


II 


ICOR 


AVE 


V'R 


VCOM 


3,3V 


Reset 
ReSet 


16 


17 


18 


15 


3 


10 
TCA3382 
TCA3382A 
TCA3382B 


20 


19 


2 


21 
12 
GND 


4 
.- 
M2 
15nf 


HP 
, 


~ 500knon 
, 
TCA3382A 
only 


lEA 


V'c=Min 
Vc 
ICOR 
(t4V;AVE 
.2,45) 
'COR 
Vp 


3,6V 
lAVE 
AVE 
1M 
IV'R 
M1 
V'R 
1.2V 


2AV 
M2 
toVCOM 
ICC 
,~ 
VCC 
:l 
HP 
~ 
5,2V 
IG 
U 
Logical 
1or 0 
G1 
.. 
III~ 
Logical1or 
0 
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" 
IE1 
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'iij 
•• 
Et 
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Reset 
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j 
HP 


20~ 
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III 
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Reset 
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FIGURE 3 - ANTILARSEN 
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FIGURE4 - AMPLIFIEDMELODY 
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FIGURE 8 - RINGING 


Closed for 
Vi::: 
\VICOr only 
ICOR 
Vp 


Vloo, t ~10"A 


AVE 
t Vp 


Ml 
V'R 
M2 
Vcom 


GND 
.t: 
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:> 
HP 
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~ 
U 
10rO 
Gl 
-••~ 
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0 
G2 
" 
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•• 
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Reset 
E2 


Reset 
MM 


VMM~CCM+l'8V 
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Vr;;;g 
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ND~ 


1M --1 
L 


Disconnect dial pulse r 4~) output (NO) from the microcomputer. Microinhibit 
(1M) can go low with NO (or MF) but not before. Gl. G2 should be different 
from 
0.0 between train of pulses in order to load the capacity cl (seeapplication circuit). 


~ 
[}' 


RING 


~ 
t 
I 


I 


VCC 


VCOMM 
II 


terns) 


I 


VCOMM I 


earphone 
Mute >-- 


Mic.Mute 
Disconnect 
Dial 
Pulses 
DTMF 


I 


-~~~ 


Ov.. .1,] 
Voltage: 
I 
Line 
PositIOn 
'-T.J 


to pin 27 
lTCA3383I 


3.3m 


TCA3383A 
'" 
TCA3383B 


Fi 


15nf 
COM 


o 
ALL RESISTORS 
1% EXCEPT 
lei 
= 5% 


• 
AVOID 
TANTALUM 
CAPACITORS 
• 
RECOMMENDED 
EARPHONE 
IMPEDANCE: 
200rl 
(WITHOUT 
SERIAL 
RESISTORI 
• 
ALL 
LOGIC 
SIGNALS 
REFERENCED 
TO COM 
(INCLUDING 
DTMFI 
I 


® MOTOROLA 


The TCA3383A 
and TCA3383 B telephone set transmission circuits 


replace 
the hybrid 
transformer 
in a telephone 
set, include 
transmit 
and 


receive 
amplifiers 
and provide 
line matching 
and sidetone 
cancellation. 
Automatic gain control is available for line length compensation. 
Together with companion TCA3381 and TCA3382, 
plus a CMOS 
microcomputer, afully electronic telephone set with loudspeakerampli- 
fied reception can be built .• 


• 
Nominal 
transmit 
and 
receive 
gains 
accurate 
to ± 1 dB 


• 
Automatic 
preset 
sidetone 
network 
adjustment. 
compensates 
for line 


length 
variations 


• 
Optional 
mjc~ophoneand earphone 
amplifier 
automatic 
gain 
control 


to compensate 
variations 
in line length 


• Regulated D.C.output to power external circuitry 


• Multifrequency or Loop Disconnect Dialling Inputs 


• 
Mute 
facility 
for transmit 
and 
receive 
amplifiers 


• 
Low noise 


• 
Low current 
consumption. 


TeA 3383A1B 


TELEPHONE 
SET 
TRANSMISSION 
CIRCUIT 


28 PIN DIL PACKAGE 


Ordering Information: 
TCA 3383 A·DP/TCA 3383 B-DP 
II 


II 


Rating 
Symbol 
Value 
Unit 


Operating 
Ambient 
Temperature 
TA 
- 20 to +60 
·C 


Storage 
Temperature 
T5 
-65 
to +150 
·C 


Operating 
Junction 
Temperature 
TJ 
150 
°c 


Thermal 
Resistance: 
Plastic 
Package 
RT 
80 to 110 
·C/W 


Characteristic 
Figure 
Symbol 
Min 
Typ 
Max 
Unit 


Start-up 
Characteristics 
(ICH - 
lmA maxI 
2 


Line 
current 
IVE > lOV) 
ILO 
28 
120 
150 
mA 


02 Emitter voltage {llD <28 
mAl 
VEO 
- 
4.6 
5.6 
V 


Start-up delay time 
13 
to 
150 
- 
350 
ms 
(Cl ~ 220 ~F.C5 ~ 2.2 ~F) 


Power Supply Characteristics 
2 


(-25°C" 
TA" 
70·C. ICH ~ 1 mAl 


line current {VE > 11VI 
IL 
27.5 
57.5 
mA 


Q2 Emitter voltage 
VE 
IL~ 15 mA 
- 
6.3 
6.9 
V 
IL~ 25 mA 
- 
7.8 
10.9 
V 


Regulated 
supply: 


Voltage (VAL - VCC- VCOMI 
VAL 
3.8 
4 
4.2 
V 


Regulation (0 < ICH < 3 mAl 
fJ.VAL 
- 
10 
80 
mV 


Internal supply: 
Voltage (ICH= 01 
VCC 
4.8 
5.2 
5.6 
V 


Regulation (0 < ICH < 5 mAl 
fJ.VCC 
- 
500 
- 
mV 


Output impedance (0 < ICH < 5 mAl 
Zout 
- 
150 
300 
Q 


Transmit 
Gain 


(300·3400 
Hz) 
d8 
TCA3383A 
3 


Nominal 
gain, 
DC 
Resist. = 1280 
O. 0 dBm 
on line 
GEN 
45.5 
46.5 
47.5 
Short line gain. DC Resist. = 300 O. 0 dBm on line 
GEC 
39 
41 
43 
TCA33838 


Nominal Gain. DC Resist. = 1280 O. 0 dBm on line 
GEN 
51.5 
52.5 
53.5 
Short line gain. DC Resist. = 300 O. 0 dBm on line 
GEC 
45 
47 
49 


Receive Gain 
4 
(300·3400 
Hz) 
d8 
Nominal gain, DC Resist. = 12800 
- 
10 dBV receive level 
GRN 
3 
4 
5 
Short line gain. DC Resist. = 300 O. - 
10 dBV receive level 
GRC 
-4.5 
-2.5 
-0.5 


Line Terminating 
Impedance 
4 
IlL" 
18 mAl 
300- 
500 Hz 
Zp 
360 
600 
1000 
Q 


500- 
3400 Hz 
Zp 
450 
600 
750 


Microphone 
Amplifier 
Input Impedance 
3 


300- 
3400 Hz 
TCA 3383 A 
350 
400 
450 
Q 
TCA33838 
ZE 
9000 
14000 


Earphone Amplifier 
Output 
Impedance 
4 
300 - 3400 Hz 
ZR 
- 
3 
10 
Q 


Common 
Mode Rejection 
Receive amplifier 
5 
RRCM 
- 
65 
- 
d8 
Microphone 
Muting 
3 
Gain reduction (300-3400 
Hz. Il ~ 18 mA. OdBm. ViM .••.VIMH min.) 
AHM 
-60 
-71 
- 
d8 


Mute level"High" 
(COMM= 
Reference) 
VIMH 
VAL 
- 
- 
V 
-0.8 
Mute level "low" 
(COMM = Reference) 
VIM8 
- 
0.8 
V 


Earphone Muting 
Gain reduction 
4 
AHR 
-60 
-69 
- 
dB 


(300-3400 
Hz, IL > lB mA, -10 dBV, VIE> 
VIEHI 


Mute level HHigh" (COMM = Reference) 
VIEH 
VAL 
- 
- 
V 


-O.B 


Mute level 
M Low" (COMM = Reference) 
VIEB 
- 
- 
1.5 
V 


Logic Ports Input Current 
1M, IE, NO 
3.4 
I 
- 
1 
50 
~A 


Dialling 
Input Characteristics 
3.4 


Input H High" 
VNOH 
VAL 
- 
- 
V 
-0.8 
Input HLow 


M 
VNOB 
- 
- 
0.8 
V 
Open loop line current (VE= 46.5V) 
ILD 
- 
45 
150 
~A 


Switching 
of Sidetone 
Network 
Resistors 
6 
02 Emitter voltage. ~off 
VEIIOFF 
10.5 
11.2 
- 
V 
02 Emitter voltage, l30n 
VE!ION 
- 
11.2 
13 
V 


HONH 
Resistance ~1300-3400 
Hz) 
RON" 
- 
- 
2 
KO 


"OFF" Resistance 13(300-3400 Hz) 
ROFFII 
100 
- 
- 
KO 


Transmit 
Harmonic 
Distortion 
RBC < 1280 
Q 
3 
dE 
Line level +3 dBm IF = 1kHz) 
- 
0.4 
3 
% 


Line level +6 dBm IF= 1kHz) 
- 
- 
10 
% 


Receive Harmonic 
Distortion 
4 
dR 
RBC < 1280 n, Rphone ~ 200 
Cll 
Receive level -11.5 dBV (F=, kHz) 
- 
1.5 
3 
% 


Receive level-10 
dBV IF = 1 kHz) 
- 
- 
10 
% 


Receive Noise 
2 
BR 
- 
- 
500 
~V 


Transmit 
Noise (e= OV. DCR= 300 
Q) 
3 
BE 
- 
- 
-64 
dBmp 


MF Input Gain 
Pin 18 to line (600 0) 
7 
GMF 
4.0 
5.0 
6.0 
d8 


MF Input Impedance 
7 
ZMF 
50 
80 
110 
KO 


Side Tone Cancellation 
3 


F= 300- 
3400 Hz 
3 


OCR~ 12BO 0 
- 
10 dBV (316 mVRMS) on line 
GST 
- 
-38 
-32 
dBV 


The TCA3383 
A/B bipolar 
integrated 
circuits 
interface 
the 


microphone 
and earphone 
of a telephone 
set to the two-wire 


circuit 
of the telephone 
line. Controlled 
gain amplifiers 
are 


included 
for the microphone 
signal output 
to the line and the 


incoming 
line signal 
to the earphone. 
Automatic 
switching 


between 
two 
preset 
sidetone 
networks· 
is available 
and 


inputs 
are available 
for either 
multifrequency 
(DTMF) or loop 


disconnect 
dialling. 


Power for the IC is derived 
from the line via external 
transis* 


tor O2 and pin 1, which 
supply 
current 
to the V cc rail inter- 


nally. 


C, is a smoothing 
capacitor 
for the unstabilised 
5V supply 


voltage 
V cc (pin 28 - 
pin 14). The 4V stabilised 
supply 
bet- 


ween 
COMM 
and V cc (pin 28 - 
pin 8) is smoothed 
by Cz. 


Power is available 
for external 
circuitry 
such as DTMF gene- 


rator, 
MCU, etc. 


In the start-up 
condition 
immediately 
after connection 
to the 


line C, (V cd is charged 
rapidly 
by biasing 
O2 on via 0" 
which 


in turn is biassed on by the resistor 
network 
R., R3, R2 and the 


internal 
circuitry 
on pins 26, 27. Fig. 8 shows the typical 
line 


current 
vs line voltage 
characteristic 
of the circuit 
and fig. 9 


shows 
the 
typical 
regulation 
of the 
supply 
voltages 
(pins 


28,8) 
as a function 
of external 
load current. 


II 


II 


The gain of the microphone 
amplifier 
and earphone 
amplifi- 


er can be automatically 
controlled 
by the D.C. level on the line 


by the divider 
R3/R, 
on pin 20. Additionally, 
the DC line vol- 


tage 
sensed 
at pin 17 is used to switch 
in or out additional 


resistors 
in the sidetone 
network 
to obtain 
preset 
levels of 


sidetone 
cancellation 
as a function 
of line length. 


Fig. 11shows 
how to suppress, 
with two diodes. 
the AGC for 


microphone 
and earphone 
if the compensation 
in line length 


is not needed. 


The variation 
in amplifier 
gains between 
different 
units under 


given conditions 
is tightly 
controlled 
in manufacture- 
nomi- 


nal gain variation 
in transmission 
is ±1 
dB max, so that the 


performance 
in a given system 
is well defined. 


Separate 
microphone 
and 
earphone 
muting 
is provided 


through 
pins 
10 and 
7 respectively 
if they 
are logic 
level 


"high". 


Loop 
disconnect 
dialling 
pulses 
can be applied 
at pin 
16 


("High" 
to disconnect). 
In order to avoid dial clicks, the ear- 


phone 
and 
the 
microphone 
amplifiers 
ought 
to be muted 


externally 
by applying 
a logic 
"1 " on pin 7 and 10. 


The line current 
is interrupted 
by switching 
of the transistor 


01 
which 
obtains 
emitter 
drive 
from 
amplifier 
A2• 
which 
in 


turn derives 
its supply 
current 
from 
the current 
mirror 
con- 


trolled 
by the AND gate at pin 16. 


Multifrequency 
dialling 
tones 
can be transmitted 
to the line 


via pin 18. which 
is linked internally to pin 9 via a 80k 
resistor. 


• See 
application 
circuit: 
R8 
serial 
+ 
R9. 
C6 
parallel 
to 


ground 
when 
beta OFF or R8 serial + R9, C6, R11 parallel 
to 


ground 
when 
beta ON (short 
line) 


Pin 1: Vc 


Pin 2: V"C 


Pin 3: VEAR 


Pin 4, 5 : E1, E2 


Pin 6: ECONT 


Pin 9: 'AC 


Pin 10: 
1M 


Pin 11, 12: Ml, 
M2 


Pin 13: ICOR 


Pin 14: GROUND 


Pin 15: V'C 


Pin 17: AVE 


Pin 18: MF 


Pin 19: Beta 


Pin 21: IREG 


Pin 22, 23 : C1, C2 


Low voltage 
line image 


Speech 
signal 
to earphone 


Negative 
input of earphone 
amplifier 


Earphone 
connections 


Speech 
signal 
to earphone. 
con- 


trolled 
in function 
of line length 


Inhibit 
earphone 
(Active 
"High") 


Internal 
reference. 
External 
available 


ground. 


Input 
of AC line current 
amplifier 


Inhibit 
microphone 
(Active 
"High") 


Differential 
input for 2-wires 
micro- 


phone 


Input 
of DC line current 
controller 


Most 
negative 
voltage 


Analog 
signal 
output 
to line. Line 


terminating 
impedance 
matching 


Loop disconnect 
dial pulses 
input 


(" High" 
to disconnect) 


DC line voltage 
sense 
input 


DTMF input 


Open 
collector 
output 
to switch 
side- 


tone 
network 
with 
regard 
to line 


length 


Part of DC line voltage 
for gain con- 


trol of microphone 
and earphone 


amplifiers 
with 
regard 
to line length 


and Controlling 
DC part 


Current 
line regulation 
control 


Connection 
of an external 
capacity 


(typ. 470 
pF) for internal 
stability 


Op-amp 
output 
for AC impedance 


transfer 


Op-amp 
negative 
input 
for AC 


impedance 
transfer 


Internally 
input 
connected 
to 


ground. 
except 
during 
start-up 


phase, 
providing 
then 
the 
control 


on e:lilternal transistor 
Q 1 


Output 
to be connected 
to the base 


of external 
transistor 
Ql 


start-up 
characteristic 


Positive 
supply, 
regulated 
to 4.0 V 


between 
VCC and COMM 


1'-'_·;;---- 


.Uk 
0,11' 
I 
R1 
C3 
I 
II 


I 
L_ 
I 
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3. Resistors 


Rl 
=B6.6KO 
±1% 


R2 
130KO 
±1% 


R3 
S60KO 
±1% 


R4 
1 MO 
±1% 


RS 
100 KO 
±10% 


R6 
100 
±1% 


R7 
2000 
±1% 


RS + Rg = '2 K for 6000 
line (modulus) 


4. Capacitors 
Cl 
220 ~F 
C2 
10 ~F 


C3 
100 ~F 
C4 
270 ~F 
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~F 
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3.3 
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1.0 ~F 
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The TCA338 
5 is a high density 
bipolar telephone 
ring converter. 
This circuit 
is designed 
for use with the TCA3386 
(speech circuit 
and monitoring 
speaker 
amplifier). 
These devices. 
together 
with 
a 
microprocessor 
form 
the basis of a fully electronic 
telephone 
set. 


In On-Hook 
position. 
this 
circuit 
detects 
the 
presence 
of a ring 
signal on the line. sends this information 
to the MPU and powers 
all the system 
(MPU 
and .TCA3386). 
Energy 
is derived 
from 
ring 
line signal. 
A switching 
regulator, 
with 
high efficiency, 
converts 
the available 
high 
voltage, 
low 
current 
into 
a low 
voltage, 
high 
current. 
Threshold 
level detection 
and input impedance 
may be set by an 
external 
resistor. 


The output 
for microprocessor 
can optionally 
contain 
ring signal 
frequency 
information 
which 
can be used by the microprocessor 
to 
distinguish 
between 
different 
tones 
(useful 
for 
German 
specifications). 
This 
circuit 
includes 
protection 
against 
over- 
voltages. 


• 
Power derived 
from 
Ring Signal 
• 
Regulated 
supply 
voltage: 
5.25V 
• 
Ring detection 
output 
for microprocessor 
• 
High efficiency 
switching 
regulator 
• 
line 
impedance 
matching, 
programmable 
• 
Threshold 
ring detector, 
programmable 
• 
lightning 
and mains 
protection. 


This document contains information on a new product. 
Specifications and information herein are subject to change without notice. 


® MOTOROLA 


TCA3386 
is 
designed 
to 
be 
used 
in 
mid- 
and 
high-end 
telephone 
sets, associated 
with 
a microcomputer. 
It contains 
the 
circuitry 
for the d.c. mask, 
transmit 
and 
receive 
amplifiers, 
2-4 
wire 
conversion, 
impedance 
matching, 
sidetone 
balance, 
for 
a 
high 
performance 
speech 
circuit. 
It 
also 
contains 
a monitor 
amplifier 
to drive a loudspeaker, 
with anti-acoustic 
feedback. 
Tone 
generators 
for dtmf 
dial and 
ring 
signal 
generation 
are also on 
chip. 
The d.c. mask, volume 
control, 
muting, 
dial pulse timing, 
dtmf 
frequencies 
and levels, 
ring tones, 
and monitor 
functions 
are all 
programmable/controllable 
through 
the 2-wire 
MCU port. Power 
supply 
and reset for the MCU are provided, 
and the TCA3386 
can 
be used in ring mode with 
the addition 
of the Ring Power circuit 
TCA3385. 
TCA3386 
is implemented 
in an advanced 
high density 
bipolar 
process. 


• 
MCU 
controlled 
feature 
telephone 
set with 
integrated 
loudspeaker 
monitor. 


• 
Software 
programmable 
d.c. 
mask 
(France, 
UK, 
German, 
PABX) 
• 
2-4-wire 
conversion 
with 
programmable 
impedance 
and 
sidetone 
balance, 
and automatic 
adjustment 
with 
line I~ 
• 
DTM F and ring tone generator, 
with timing 
and level controlled 
by MCU 
• 
2-wire 
serial 
MCU 
port, and regulated 
d.c. sup!*( 
with 
reset 
for MCU 
• 
Loudspeaker 
monitor 
with 
anti-how:l 
circuit 
nd 
automatic 
power 
adjustment 
to 
available 
line 
c rrent, 
and 
facility 
to 
inter 
face external 
Speakerphone 
(MC34118) 
• 
Uses low cost 
500 
kHz ceramic 
resonator 


FN SUFFIX 
PLCC·28 


CASE 776·01 
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The TCA3388 
is a high density 
bipolar 
telephone 
speech 
net- 
work 
to replace 
the hybrid 
circuit 
in a telephone 
set. 


This 
circuit 
includes 
sidetone 
balance. 
microphone 
and 
push 
pull earphone 
amplifier 
with 
loop length 
compensation. 
program- 
mable 
impedance 
(real 
or complex), 
programmable 
DC mask 
(French, 
UK Low voltage 
and PABX configuration 
for each), direct 
interface 
for a DTMF/pulse 
dialer 
(adjustble 
DTMF 
input. 
pulse 
input, hook status output 
and mute input), 
regulated 
power supply 
and protection 
against 
excess 
signal 
voltage. 


Design 
precautions 
have been taken to increase 
RFI immunity. 
This circuit 
associated 
with 
a DTMF/pulse 
dialer 
(MC145516) 
and 
a tone 
ringer 
(MC340 
1 7) forms 
the 
basis 
of a low 
cost 
telephone 
set. 


• 
Low voltage. 
low current 
operation: 
high 
peak-to-peak 
signal 
on the line 
• 
DC mask 
programmable 
by external 
pins 
_ 


• 
2 to 4 wire 
conversion 
• 
Programmable 
impedance 
(real or complex) 
• 
Programmable 
sidetone 
balance 
with 
automatic 
line 
length 
tracking 
• 
Automatic 
line length 
receiving 
and sending 
gain control 
• 
Microphone 
amplifier 
with 
externally 
adjustable 
gain (piezo or 
electret 
transducers) 
• 
Earphone 
push 
pull amplifier 
with 
externally 
adjustable 
gain 
(piezo or electrodynamic 
transducers) 
• 
Mute 
facility 
for transmit 
and receive 
amplifier 
• 
Regulated 
supply 
voltage 
(3.6V) 
with 
high 
output 
current 
capability 
• 
Protection 
against 
excess 
signal 
voltage 
• 
Interface 
for DTMF/pulse 
dialer 
• 
Positive 
and negative 
logic input 
for pulse and mute 
• 
Hook status 
output 


Me 145516 


DTMF/PULSE 
DIALER 


~ 
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P SUFFIX 
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This document 
contains 
information 
on a new product. 


Specifications and information herein are subject to change without notice. 
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1 :RXI - Input 
for 
Earphone 
Amplifier 
and 
Confidence 
Tone 


This pin receives the line signal via the hybrid balance 
and gain regulation 
circuits. A confidence 
tone (current) 
may also be applied to this point. 


3:MIC 
- Microphone 
Negative 
Supply 


Bias current 
from the electret microphone 
is returned 
to ground 
through 
this pin. 


4:LAO 
- Line 
Interface 
Drive 
Amplifier 
Output 


This pin controls the base of the high voltage line inter- 
face transistor. 


5:LAI 
- Line 
Interface 
Drive 
Amplifier 
Input 


This pin receives the AC line voltage 
from the input 
impedance 
network- and the current 
for DTMF signall- 
ing. The circuit 
input 
impedance 
is determined 
by line 
voltage and current feedback to this pin (which 
is at vir- 
tual earth). The line current 
signal developed 
at pin 11 
and transferred 
to pin 10 is received via R14 and the line 
voltage signal via the network 
ZOo 


This 
pin 
may 
also 
receive 
a 
current 
for 
DTMF 
signalling. 


7:HYS 
- Input 
for Short 
Line Hybrid 
Network 


The line signal is received between 
pins 6 and 10 and 
between 
pins 7 and 10. Pin 6 is connected 
to a network 
providing 
hybrid balance for long lines and pin 7 to a net- 
work 
providing 
hybrid 
balance 
for 
short 
lines. 
The 
received 
signals 
are weighted. 
according 
to the 
line 
length detected. summed 
and fed via the gain regulation 
and mute 
circuit 
to the earphone 
amplifier 
input 
(pin 
1). 


Both the hybrid 
balance impedance 
and the gain are 
therefore 
adapted to the line length. 
If this pin 7 is left 
open. the circuit will operate with a fixed hybrid balance 
impedance 
defined 
by the network 
on pin 6. In PABX 
mode. the receive mode and hybrid 
balance impedance 
are independant 
of the line length. 


8:CM 
- Mask 
Decoupling 
Capacitor 


For a return 
loss greater 
than 
20 dB. and an imput 
impedance 
equal 
to 
600 
ohms 
at 
300 
Hz. 
C 
0.6BIlF. 


11 :SAI - Line Current 
Sense 
Amplifier 
Input 


Voltage at this pin is proportional 
to the line current 
(I line x R2). 


12:DCM 
- DC Mask 
Selection 


Four dc 
masks 
are selected 
according 
to 
the 
DC 
voltage at this pin. An internal current generator 
sources 
(loop closed) 
or sinks 
(during 
line break) 
a constant 
current. 
The 
DC mask can be chosen 
by connecting 
appropriate 
external components 
(resistor. capacitor. or 
resistor 
plus capacitor) 
between 
this pin and ground. 


13:HSO 
- Hook 
Status 
Output/PABX 
Mode 


This pin is a digital output and reflects the status of the 
loop. HSO is high when the loop is closed. and low when 
loop is open. This pin also sets PABX mode if the load 
current 
is 
greater 
than 
201JA. In 
PABX 
mode 
the 
transmission 
and reception 
gains are fixed. The hybrid 
balance impedance 
is fixed whether 
a single or double 
network 
is used. 


14:PI 
- Pulse 
Dialing 
Input 


This 
pin 
is a bidirectional 
input 
current 
for 
pulse 
dialing. 


15:MUT 
- Mute 
Input 


This pin is bidirectional 
input 
current 
for combined 
microphone 
and earphone 
mute. 


16:1 Ref - Reference 
Current 


A programmable 
resistance connected 
to this pin sets 
a reference 
current 
for the circuit. 


1 7:V cc - Regulated 
Supply 
Voltage 


18:GND 
- Ground 


This pin is ground 
for the entire circuit. 


19:RXO 
- Receive 
Amplifier 
Output 


This 
pin is the output 
of the first 
receive amplifier. 


Receive gain is set by connecting 
a resistor 
between 
RXO and RX1. 


20:RXO 
- Complementary 
Receive 
Amplifier 
Output 


This pin is the output of the second receive amplifier. 


Protection 
Mode 


Protection 
is incorporated. 
Detection 
of excess con- 


tinuous 
or signal voltage causes a transfer to a low dis- 
Sipation mode after a delay. 
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The TCA4901 
is the high voltage 
line interface 
circuit 
part of the 
Motorola 
Advanced 
Line Card system 
(MALC). 
Together 
with 
the 
TCA4905 
PCM 
Subscriber 
Line 
Interface 
Circuit, 
it performs 
the 


BORSCHT 
functions 
for an analog 
subscriber 
line for Central 
Office 


or PBX exchanges. 
The TCA490 
1 contains 
current 
amplifiers 
which 
act as slaves to the low voltage 
device. 
It is equipped 
with 
Buck- 
Boost switch-mode 
power supply unit for optimum 
power dissipa- 


tion. and has an on-chip 
temperature 
sensor 
in case of excessive 
power dissipation. 
TCA4901 
is fabricated 
in a Dielecrically 
isolated 
process, 
with 
a voltage 
handling 
capability 
of over 
1 50V. 


• 
Switch 
Mode 
Power 
Supply 
for 
optimum 
power 
saving 
• 
Step 
Down 
to Feed Short 
Loop 
• 
Step 
Up to Supply 
Up to -BOV 
to Long 
Loop 
• 
Power 
Down 
and 
Power 
Denial 
• 
On Chip 
Temperature 
Sensor 
• 
Test and 
Unbalanced 
Ring 
Relay 
Driver 
• 
Common 
Mode 
Simulation 
to Calibrate 
Longitudinal 
Rejection 
• 
Standard 
Battery 
of -4B 
Volts 
(-20 
to -BO Volts) 


RRC 


TRC 


CMCK 


CMEN 


T50 


FIIPOE 


POI 


PSCK 
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PCM SUBSCRIBER LINE CIRCUIT 
(LVMALC) 


The TCA4905 
is the low voltage 
digital 
signal processing 
VLSI 
circuit 
part of the Motorola 
Advanced 
Line Card system 
(MALq. 
Together 
with the TCA490 
1 High Voltage 
Line Interface 
Circuit, 
it 
performs 
the BORSCHT functions 
for an analog subscriber 
line for 
PCM Central 
Office 
or PBX exchanges. 
The TCA4905 
contains: 


D/A and AID 
converters; 
digital filters 
to define balance and input 
impedance 
and receive and transmit 
gains; d.c. characteristic; 
and 
ring-trip 
detection. 
High transhybrid 
rejection 
is achieved 
by an 
adaptive 
24 
filter 
set which 
continually 
assures 
that 
the 
echo 
return 
loss is optimal. 


TCA4905 
is fabricated 
in a 21l BiMOS 
process, 
combining 
high 
density 
CMOS 
with 
high 
performance 
Bipolar 
circuitry. 


• 
2-chip 
subscriber 
line interface 
providing 
most of the 
BORSCHT 
functions 
of Battery 
feed, 
Ring feed, 
Supervision, 
Cofidec, 
Hybrid 
2 to 4 and 4 to 2 wire 
conversion. 


• 
Adaptive, 
Programmable 
Hybrid 
balance 
digital 
filters 
• 
Programmable 
2-wire 
impedance 
matching 
digital 
filter 
• 
Programmable 
Transmit 
and Receive gains 
• 
Programmable 
d.c. 
line 
feed 
characteristics 
(feed 
voltage, 


feed 
resistance, 
constant 
current, 
battery 
reversal) 
• 
Switched 
mode 
power 
supply 
• 
120V 
line drive circuit 
• 
Self calibrating 
for balance 
about 
earth 
• 
Balanced 
ringing 
through 
SUC 
• 
Ring trip detection 
(balanced/unbalanced) 
• 
Loop status 
detection 
• 
Tax tone 
injection 
(Subscriber 
Private 
Meter) 
• 
Oversampled 
sigma-delta 
AID, 
D/A 
conversion 
• 
A- or Il-Iaw 
data conversion 
• 
Universal 
PCM interface 
• 
Performance 
exceeds 
CCITI 
G.713 
and 0.51 
7 
• 
Power 
Saving 
Power 
Down/Service 
denial 
modes 


II 


II 


The Motorola 
Advanced 
line 
Card I.C.s interface 
the 
subscriber 
line to the 
PCM digital 
bus. They 
offer 
the 
designer of an analogue subscriber 
line card an economical 
response 
to the problem 
of matching 
the large range of 
impedances 
to be found 
in the local network. 
The 2-to 4-wire 
converter 
balance 
impedance 
is pro- 
grammable 
and adaptive 
to line conditions. 
Gains and 
terminating 
impedances 
are 
programmable. 
These 
features 
are provided 
by DSP techniques 
with control 
by 
an MPU 
port on the TCA4905 
LV chip. 
AID and D/ A conversion 
is performed 
by 2nd order 1;- 
!J. converters 
operating 
at 4096k 
sample/s, 
having 
a 
dynamic 
range greater 
than 
90 dB, in order to achieve 
the required 
performance 
margins. 


The 2-wire 
terminating 
impedance 
is synthesised 
by 
means of a digital 
filter. 
The 4-wire 
balance 
impedance 
uses a repertoire 
of 24 
predetermined 
programmable 
filters. 
At anyone 
time two 
of the filters 
are implemen- 
ted, one actively 
supplying 
the inter-path 
coupling, 
the 
other 
supplying 
coupling 
only 
for 
comparison. 
The 
implemented 
filters 
are updated 
every 32 ms, based on 
estimates 
of the 
received 
and 
echoed 
speech 
signals 
from 
the two 
implemented 
filters. 


DC Loop 


The three 
sections 
of the battery 
feed characteristics 
are software 
programmable 
through 
the interface 
bus: 
constant 
current, 
resistive voltage and constant 
voltage. 
Constant 
current 
feed is provided 
in 4 mA steps from 0 
to 64 mA. 


Resistive 
feed 
is 0, 400, 
800 
and 
1600 
ohms. 
Constant 
voltage 
feed 
is provided 
in 4V steps 
from 
-20Vto 
-80V, 
4 mA d.c. Feed with full longitudinal 
rejec- 
tion allows 
hook status detection 
and telephone 
battery 
charging. 
Battery 
feed reversal 
is possible, 
maintaining 
all performance 
features. 


Balance 
about 
Earth 


A longituduinal 
balance adjustment 
mode is available 


which 
can be used to detect 
or compensate 
for any dif- 
ferential 
components, 
and achieve 
high 
common 
mode 
rejection. 


Taxation 
Pulses 


Taxation 
pulses 
can be input 
in the range 
12k 
Hz to 
18k Hz. The pulse duration 
is programmable 
at 50, 100, 
150, and 200 rns. The d.c. voltage is adjusted automatically 
to avoid saturation, 
and an AGC system 
adjusts 
the out- 
put to the required 
level. 


Ring 
Trip 


Ring trip detection 
is performed 
by the digital 
filters, 


giving 
100 
ms ring trip time. 


Standby 
Modes 


The loop can be placed 
in a service 
denial 
condition 
where there 
is no output, 
or longitudinal 
rejection. 
It can 
also be placed in a zero d.c. loop current 
condition 
with 
longitudinal 
rejection 
maintained, 
allowing 
hook status 
detection 
in a reduced 
power 
mode. 


PCM and 
MPU Interface 


Two modes for exchange 
of control 
and PCM data are 
possible, 
pin selectable 
by the SLD pin. In the first mode 
the 
control 
data 
is exchanged 
through 
a 4-wire 
M PU 
port and 
PCM data 
passes 
through 
separate 
transmit 
and receive parts. In the second 
mode, PCM and control 
data are multiplexed 
on the same 3-wire 
bus. MPU con- 
trol information 
includes 
loop status, 
reset, digital 
filter 
coefficients 
and other control 
and status bits arranged 
in 
words 
of 3 bytes. 
TCA4905 
synchronizes 
to PCM bus clock frequencies 
of 
512k 
Hz, 2 
MHz, 
and 
8 
MHz. 
The 
internal 
syn- 
chronisation 
is adjusted 
tothe 
appropriate 
time slot, or in 
SLD mode 
is adjusted 
to the frame 
sync. 
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Glossary II 


Glossary of Terms and Abbreviations 


The list reproduced here refers to terms found in this and other Motorola 
publications 
con- 


cerned with Motorola 
Semiconductor 
products for Telecommunications. 


A law - 
An Europ~an companding/encoding 
law commonly 
used in PCM systems. 


AlB 
signaling 
- 
A special case of 8th-bit 
(LSB) signaling in a wlaw system that allows 
four logic states to be multiplexed with voice 
on PCM channels. 


A/D 
(analog-to-digitall 
converter 
(ADC) - 
A 
converter 
that uniquely 
represents all analog 
input 
values 
within 
a specified 
total 
input 
range by a limited 
number 
of digital output 
codes, each of them exclusively representing a 
fractional part of the total analog input range. 


Aliasing noise - 
A distortion 
component 
that 
is created 
when 
frequencies 
present 
in 
a 
sampled signal are greater than one-half the 
sample rate. 


Answer 
back 
- 
A signal sent by receiving 
data-processing 
device in response to a re- 
quest from 
a transmitting 
device, 
indicating 
that the receiver is ready to accept or has re- 
ceived data. 


Anti-aliasing 
filter 
- 
A filter 
(normally 
low 
pass) that band limits an input signal before 
sampling to prevent aliasing noise. 


Asynchronous 
- 
A mode of data transmission 
in which the time occurrence of the bits within 
each character or block of characters relates to 
a fixed 
time 
frame, 
but 
the 
start 
of 
each 
character or block of characters is not related 
to this fixed time frame. 


Attenuation 
- 
A decrease in magnitude of a 
communication 
signal. 


Bandwidth 
- 
The information-carrying 
fre- 
quencies between the limiting frequencies of a 
communication 
line or channel. 


Baseband - 
The frequency band occupied by 
information-bearing 
signals before combining 
with a carrier in the modulation 
process. 


Baud - 
A unit of signaling speed equal to the 
number of discrete signal conditions or events 
per second. This refers to the physical sym- 
bols/second 
used within a transmission chan- 


nel. 


Bit rate - 
The speed at which data bits are 
transmitted over a communication 
path, usual- 


ly expressed in bits per second. 
A 9600 bps 
terminal 
is 
a 
2400 
baud 
system 
with 
4 
bits/baud. 


Blocking - 
A condition 
in a switching 
system 
in which 
no paths or circuits are available to 
establish a connection 
to the called party even 
though it is not busy, resulting in a busy tone 
to the calling party. 


BORS(C)HT - 
Battery, Overvoltage, Ringing, 


Supervision, 
(Codecl, 
Hybrid, Test; the func- 


tions performed by a subscriber line card in a 
telephone exchange. 


Broadband 
- 
A transmission 
facility 
whose 
bandwidth 
is greater than that 
available on 
voice-grade facilities. (Also called wide band.) 


C message 
- 
A frequency 
weighting 
that 
evaluates the effects of noise based on its an- 
noyance to the "typical" 
subscriber of stan- 
dard telephone service or the effects of noise 
(background and impulse) on voice-grade data 
service. 


Carrier - 
An analog signal of fixed amplitude 
and frequency that combines with an informa- 
tion-bearing 
signal by modulation 
to produce 
an output signal suitable for transmission. 


CCITT - 
Consultative Committee for Interna- 
tional Telephone and Telegraph; 
an interna- 
tional standards group of the European Inter- 
national Telecommunications 
Union. 


Central Office (CO) - 
A main telephone of- 
fice, usually within a few miles of a subscriber, 
that 
houses 
switching 
gear; 
commonly 
capable of handling about 10,000 subscribers. 


Channel bank - 
Communication equipment 


commonly 
used for multiplexing voice-grade 
channels 
into 
a digital 
transmission 
signal 
(typically 24 channels in the U.S. and 30 chan- 
nels in Europe). 


Circuit, two-wire 
- 
A circuit with two con- 


ductors providing a "go" 
and "return" 
chan- 
nels. 


Circuit, four-wire - 
A circuit with two pairs of 
conductors, one pair for the "go" channel and 
one pair for the "return" 
channel. 


COOEC - 
COder-DECoder; the AfD and Df A 
function 
on 
a 
subscriber 
line 
card 
in 
a 
telephone exchange. 


COFIOEC - 
COder-Fllter-DECoder; the com- 
bination of a codec, the associated filtering, 
and voltage references required to code and 
decode voice in a subscriber line card. 


Common mode rejection - 
The ability of a 
device having a balanced input to reject a 
voltage applied simultaneously to both differ- 
ential-input terminals. 


Companding - 
The process in which dynamic 
range compression of a signal is followed by 
expansion in accordance with a given transfer 
characteristic 
(companding 
law) 
which 
is 
usually logarithmic. 


Compandor -. A combination of a compressor 
at one point 
in a communication 
path for 
reducing. the 
amplitude 
range 
of 
signals, 


followed by an expander at another point for 
restoring the original amplitude range, usually 
to improve the signal-to-noise ratio. 


Conference call - 
A call between three or 
more stations, in which each station can carry 
on a conversation simultaneously. 


Crosspoint - 
The operating contacts or other 
low-impedance-path 
connection 
over which 
conversations can be routed. 


Crosstalk - 
The undesired transfer of energy 
from one signal path to another. 


CTS - 
Clearto send; a control signal between 
a modem and a controller used to initiate data 
transmission over a communication line. 


CVSO 
- 
Continuous 
Variable Slope Delta 
(modulation); a simple technique for convert- 
ing an analog signal (like voice) into a serial bit 
stream. 


D3 - 
D3 channel bank; a specific generation 
of 
AT&T 
24-channel 
PCM 
terminal 
that 
multiplexes 24voice channels into a 1.544 MHz 
digital bit stream. The specifications associ- 
ated with D3 channel banks are the basis for all 
PCM device specifications. 


Of A (digital-to-analog) converter (DACI - 
A 
converter that represents a limited number of 
different digital input codes by a correspond- 
ing number of discrete analog output values. 


Data compression 
- 
A technique that pro- 
vides for the transmission of fewer data bits 
than originally 
required without 
information 
loss. 
The 
receiving 
location 
expands 
the 
received data bits into 
the original 
bit se- 
quence. 


dB 
(decibel) 
- 
A 
power 
or 
voltage-level 
measurement unit. 


dBm - 
The decibel signal level level referred 
to one milliwatt, i.e., 0 dBm = 1 mW. 


dBmO - 
Signal power measured at a point in 
a standard test tone level at the same point. 


i.e., dBmO=oBm-dBr 
where dBr is the relative transmission level, or 
level relative to the point in the system defined 
as the zero transmission level point. 


dBmOp - 
Relative power expressed in dBmp. 


(See dBmO and dBmp.l 


dBmp - 
Indicates dBm measurement made 
with a psophometric weighting filter. 


dBrn 
Relative 
signal 
level 
expressed 
in 
decibels 
above 
reference 
noise, 
where 
reference 
noise 
is 
1 
pW. 
Hence, 
OdBrn=l 
pW= 
-90dBm. 


dBme 
- 
Indicates dBrn measurement made 
with 
a C-message weighting 
filter. 
(These 
units are most commonly used in the U.S., 
where psophometric weighting is rarely used.) 


dBrncO 
- 
Noise measured in dBrnc refer- 
enced to zero transmission level. 


Decoding - 
A process in which one of a set of 
reconstructed 
analog samples is generated 
from the digital character signal representing a 
sample. 


Delay distortion 
- 
Distortion that occurs on 
communication 
lines due 
to 
the 
different 
propagation speeds of signals at different fre- 
quencies, measured in microseconds of delay 
relative to the delay at 1700 Hz. (This type of 
distortion 
does not affect voice communica- 
tion, but can seriously impair data transmis- 
sion.! 


Delta modulation 
- 
A simple digital coding 
technique that produces a serial bit stream cor- 
responding to changes in analog input levels; 
usually 
utilized 
in 
devices employing 
con- 
tinuously variable-slope delta (CVSDl modula- 
tion. 


Demodulator 
- 
A functional 
section of a 
modem 
that 
converts 
received analog line 
signals to digital form. 


Digital telephone 
- 
A telephone terminal that 
digitizes a voice signal for transmission and 
decodes a received digital signal back to a 
voice signal. (It will usually multiplex 64 kbps 
voice and separate data inputs at multiples of 8 
kbps.) 


Distortion 
- 
The failure 
to 
reproduce 
an 
original signal's amplitude, phase, delay, etc. 
characteristics accurately. 


DPSK 
- 
Differential 
Phase Shift Keying; a 
modulation technique for transmission where 
the frequency 
remains constant 
but 
phase 
changes will occur from 90°, 180° and 290° to 
define the digital information. 


Duplex - 
A mode of operation permitting the 


simultaneous two-way independent transmis- 
sion of telegraph or data signals. 


Echo - 
A signal that has been reflected or 


returned as a result of impedance mismatches, 
hybrid unbalance, or time delay. Depending 
upon the location of impedance irregularities 
and the propagation characteristics of a facil- 
ity, echo may interfere with the speaker/lis- 
tener or both. 


Echo suppressor - 
A device used to minimize 


the effect of echo by blocking the echo return 
currents; typically a voice-operated gate that 
allows communication one way at a time. 


Encoder 
(PCMl 
- 
A device that 
performs 


repeated sampling, 
compression, 
and A/D 
conversion to change an analog signal to a 
serial stream of PCM samples representing the 
analog signal. 


Equalizer 
- 
An electrical network in which 


phase delay or gain varies with frequency to 
compensate 
for an undesired amplitude 
or 


phase characteristic in a frequency-dependent 
transmission line. 


FDM - 
Frequency-Division Multiplex; a pro- 


cess that permits the transmission of two or 
more signals over a common path by using a 
different frequency band for each signal. 


Frame - 
A set of consecutive digit time slots 


in which the position of each digit slot can be 
identified by reference to a frame alignment. 
The frame alignment signal does not necessar- 
ily occur, in whole or in part, in each frame. 


Full duplex -- A mode of operation permitting 
simultaneous transmission of information be- 
tween two locations in both directions. 


Gain - 
The increase in signal amplitude real- 
ized when a signal passesthrough an amplifier 
or repeater (normally measured in decibels). 


Gain tracking error - 
The variation of gain 
from a constant level (determined at 0 dBm in- 
put level) when measuring the dependence of 
gain on signal level by comparing the output 
signal to the input signal over a range of input 
signals. 


HDLC 
- 
High-Level 
Data Link Control; 
a 
CCITT standard data communication line pro- 
tocol. 


Half duplex - 
A mode of operation permitting 
transmission of information between two loca- 
tions in only one direction at a time. 


Handset - 
A rigid assembly providing both 
telephone transmitter and receiver in a form 
convenient 
for 
holding 
simultaneously 
to 
mouth and ear. 


Hookswitch - 
The switch on a telephone set 
that is operated by the removal or replacement 
of the receiver on the hook (defined as off- 
hook 
and 
on-hook 
conditions, 
and 
corre- 
sponding to busy and idle circuits). 


Idle channel noise lICN) - 
The total signal 
energy measured at the output of a device or 
channel under test when the input of the 
device or channel is grounded (often a wide- 
band noise measurement using a C-message 
weighting filter to band-limit the output noise). 


Intermodulation 
- 
The modulation 
of 
the 
components of a complex wave by each other 
(in a nonlinear system). 


Intermodulation 
distortion 
- 
An analog line 
Impairment when two frequencies interact to 
create an erroneous frequency, in turn distort- 
ing the data signal repreentation. 


ISDN - 
Integrated Services Digital Network; 
A future communication network intended to 
carry digitized voice and data multiplexed onto 
the public network. 


Jitter - 
A type of analog communication line 
distortion 
caused by abrupt, spurious signal 


variation from a reference timing position, and 
capable of causing data transmission errors, 
particularly at high speeds. (The variation can 
be in amplitude, time, frequency or phase.) 


Key system - 
A miniature PABX that accepts 
4 to 10lines and can direct them to as many as 
30 telsets. 


wlaw 
- 
A companding law accepted as the 
North 
American 
standard 
for 
PCM 
based 
systems. 


LAN - 
Local Area Network; a data-only com- 
munication 
network 
between data terminals 
using a standard interface to the network. 


Line - 
The portion of a circuit external to an 
apparatus that consists of the conductors con- 
necting the apparatus to the exchange or con- 
necting two exchanges. 


Longitudinal balance - 
The common-mode 
rejection of a telephone circuit. 


Loopback - 
Directing signals back toward the 
source at some point along a communication 
path. 


MCU - 
MicroComputer Unit (also MicroCon- 
troller Unit). 


Mu law - 
A companding/encoding 
law com- 
monly used in U.S. (same as wlaw). 


Modem 
- 
MOdulator-DEModulator; 
a unit 
that modulates and demodulates digital infor- 
mation from a terminal or computer port to an 
analog 
carrier signal 
for 
passage over an 
analog line. 


Multiplex - 
To simultaneously transmit two or 
more messages on a single channel. 


Off hook 
- 
The circuit 
condition 
resulting 
when 
the 
handset is lifted 
from 
the hook 
switch of the telephone set; i.e.• a low dc im- 
pedance is placed across the line causing loop 
current flow that is recognized by a relay at the 
central office as a request for service. 


On hook 
- 
The circuit 
condition 
resulting 
when the handset of a telephone is replaced 
on its cradle (approximately an open circuit). 


PABX - 
Private Automatic Branch Exchange; 
a 
customer-owned, 
switchable 
telephone 
system 
providing 
internal 
andlor 
external 
station-to-station 
dialing. 


Pair 
- 
The two associated conductors that 
form part of a communication channel. 


Pass-band 
filter - 
A filter used in communica- 
tions systems that allows only the frequencies 
within a communication channel to pass, and 
rejects all frequencies outside the channel. 


PBX - 
Private Branch Exchange; a class of 
service in standard Bell System terminology 
that 
typically 
provides the same service as 
PABX. 


PCM - 
Pulse Code Modulation; a method of 
transmitting data in which signals are sampled 
and converted to digital words that are then 
transmitted serially, typically as 8-bit words. 


Phase jitter 
- 
Abrupt, spurious variations in 
an analog line, generally caused by power and 
communication equipment along the line that 
shifts the signal phase relationship back and 
forth. 


Propagation 
delay 
- 
The time interval be- 
tween specified reference points on the input 
and output voltage waveforms. 


Psophometric 
weighting 
A 
frequency 
weighting similar to C-Messageweighting that 
is used as the standard for European telephone 
system testing. 


Pulse dialer 
- 
A device that generates pulse 
trains corresponding 
to digits or characters 
used in impulse or loop-disconnect dialing. 


Quantizing 
noise 
- 
Signal-correlated 
noise 
generally associated with the quantizing error 
introduced by AID 
and 01A conversions in 
digital transmission systems. 


RTS - 
Request to send; an RS-232 control 
signal between a modem and user's digital 
equipment that initiates the data transmission 
sequence on a communication line. 


Repeater 
- 
An 
amplifier 
and 
associated 
equipment used in a telephone circuit to pro- 
cess a signal and retransmit it. 


Repertory 
dialer - 
A dialer that stores a reper- 
tory of telephone numbers and dials anyone of 
them automatically on request. 


Sampling 
rate 
- 
The frequency at which the 
amplitude of an analog signal is gated into a 
coder circuit. The Nyquist sampling theorem 
states that if a band-limited signal is sampled 
at regular intervals and at a rate equal to or 
greater than twice the highest frequency of in- 
terest, the sample contains all the information 
of the original signal. The frequency 
band 
of interest in telephony ranges from 300 to 
3400 Hz, so a sampling rate of 8 kHz provides 
dc to 4000 Hz reproduction. 


SCU - 
Subscriber Channel Unit; the circuitry 
at a telephone exchange associated with an in- 
dividual subscriber line or channel. 


Signaling 
- 
The transmission of control or 
status information between switching systems 
in the form of dedicated bits or channels of in- 
formation inSerted on trunks with voice data. 


Signal-to-distortion 
ratio (SID) - 
The ratio of 
the input signal level to the level of all com- 
ponents that are present when the input signal 
(usually a 1.020 kHz sinusoid) is eliminated 
from the output signal (e.g., by filtering). 


SUC - 
Subscriber Line Interface Circuit; a 
device that performs the 2-4 wire conversion, 
battery feed and other line interface functions 
on a subscriber telephone line. 


Speech 
network 
- 
An electric circuit 
that 
connects a transmitter 
and a receiver to a 
telephone line or telephone test loop and to 
each other. 


Subscriber 
line - 
The permanent connection 
between a station and the switching 
center 
that serves it. 


Syn (Sync) 
- 
(1) A bit of character used to 
synchronize 
a time 
frame 
in a time-division 
multiplexer. 
(2) A sequence used by a syn- 
chronous 
modem to perform bit synchroniza- 
tion or by a line controller 
for character syn- 
chronization. 


Synchronous 
modem 
- 
A modem that uses a 
derived 
clocking 
signal 
to 
perform 
bit syn- 
chronization 
with incoming data. 


T1 carrier - 
A PCM system operating at 1.544 
MHz 
and 
carrying 
24 
individual 
voice- 
frequency channels. 


Telephone exchange 
- 
A switching center for 
interconnecting 
the lines that service a specific 
area. 


TELETEX 
- 
A text 
communication 
service 
between entirely electronic work stations that 
will gradually replace TELEX with the introduc- 
tion of the digital 
network. 
(Not to be con- 
fused with teletext.) 


TELETEXT 
- 
The 
name 
usually 
used 
for 
broadcast 
text 
(and graphics) 
for 
domestic 
television reception. 
(Not to be confused with 
teletex.) 


Time-division 
multiplex 
- 
A process that per- 
mits the transmission 
of two or more signals 
over a common 
paty by using a different time 
interval for each signal. 


Tip (T) and ring (R) - 
Terms used to identify 
the two conductors 
of a circuit. 
(These terms 
originate 
from 
switchboard 
terminology 
for 
cord circuits, 
in which 
a four-wire 
circuit 
is 
designated T1, T2, and R1 and R2.1 


Trunk 
- 
A telephone 
circuit 
or channel be- 
tween two central offices or switching entities. 


TSAC 
- 
Time Slot Assigner Circuit; a circuit 
that determines when a CODEC will put its 8 
bits of data on a PCM bit stream. 


TSIC 
- 
Time 
Slot 
Interchange 
Circuit; 
a 
device that switches digital highways in PCM 
based switching 
systems; 
a "digital" 
cross- 
point switch. 


Twist - 
The amplitude ratio of a pair of DTMF 
tones. 
(Because of transmission 
and equip- 
ment variations, a pair of tones that originated 
equal 
in amplitude 
may arrive with 
a con- 
siderable difference in amplitude.) 


UDL T - 
Universal Digital Loop Transceiver; a 
Motorola 
originated 
name for 
a voice/ data 
transceiver circuit. 


Voice frequency 
- 
A frequency 
within 
that 
part of the audio range that is used for the 
transmission of speech of commercial quality, 
i.e. 300-3400 
Hz. 


Weighting 
network 
- 
A network whose loss 
varies 
with 
frequency 
in 
a 
predetermined 
manner. 


II 


Handling and Design II 
Guidelines 


® MOTOROLA 


HANDLING AND DESIGN GUIDELINES 


HANDLING 
PRECAUTIONS 


All MOS devices have an insulated gate that is subject to 
voltage breakdown. The gate oxide for Motorola's devices is 
about 800 A thick and breaks down at a gate-source poten- 
tial of about 100V. The high-impedance gates on the devices 
are protected by resistor-diode networks. However, these 
on-chip 
networks do not make the IC immune to elec- 
trostatic damage (ESDI. Laboratory tests show that devices 
may fail after one very high voltage discharge. They may also 
fail due to the cumulative effect of several discharges of 
lower potential. 


Static-damaged devices behave In various ways, depend- 
Ing on the severity of 
the damage. The most severely 
damaged are the easiest to detect because the input or out- 
put has been completely destroyed and ISeither shorted to 
VOO, shorted to VSS, or open-circuited. The effect is that 
the device is no longer functionaL 
Less severe cases are 
more difficult to detect because they appear as intermittent 
failures or degraded performance. Another effect of static 
damage is, often, increased leakage currents. 


CMOS and NMOS devices are not immune to large static 
voltage discharges that can be generated while handling. For 
example, static voltages generated by a person walking 
across a waxed floor have been measured in the 4-15 kV 
range (depending on humidity, 
surface conditions, 
etc.). 


Therefore, the following precauttons should be observed. 


1. 00 not exceed the Maximum Ratings specified by the 
data sheet. 


2. All unused device inputs should be connected to VOO 
or VSS. 


3. All low-impedance equipment (pulse generators, etc.) 
should be connected to CMOS or NMOS inputs only 
after the device is powered up. Similarly, this type of 
equipment should be disconnected before power is 
turned off. 


4. A circuit board containing CMOS or NMOS devices IS 
merely an extension of 
the device and the same 
handling precautions apply. Contacting edge connec- 
tors wired 
directly 
to devices can cause damage. 


Plastic wrapping should be avoided. When external 
connections to a PC board address pins of 
CMOS or 
NMOS integrated circuits, a resistor should be used In 
series with the Inputs or outputs. The limiting factor 
for the series resistor is the added delay caused by the 
time constant formed by the series reSistor and input 
capacitance. This resistor Will help limit accidental 
damage if the PC board is removed and brought Into 
contact 
With static generating 
materials 
For con- 


venience, equations for added propagation delay and 
rise time effects due to series resIstance size are gIven 
In Figure 1 
5. All CMOS or NMOS devices should be stored or 


FIGURE 1 - 
NETWORKS 
FOR MINIMIZING 
ESO AND 
REDUCING 
CMOS 
LATCH 
UP SUSCEPTIBILITY 


VDD 


MOS 
Input 
or 
Output 


Disadvantage: 
A 1> R2 for the same level of 
protection, 
therefore rise and fall 
lImes, propagatIon delays, 
and output 
drives are severely affected. 


MOS 
Input 


or 
Output 


Advantage: 
R2<Rl 
for the same 
-= VSS 
level of protection 
Impact 
on ac and de 
characteristics 
IS minimIzed. 


Note: 
These networks 
are useful 
for protecting 
the followmg 
A 
dtgltalmputs 
and outputs 
B. analog 
Inputs and outputs 
C 
3-state outputs 
O. bidIrectional 
ilia) 
pons 


t 
R~--- 
C.k 


where: 
A = the maximum 
allowable 
series resistance 
In ohms 
t = the maxImum 
tolerable 
propagation 
delay In seconds 


C = the board capacitance 
plus the driven deVice's 
Input capacitance 
In farads 
k=O.33 
for the MC145040/1 
k = 0.7 for other deVices 


t 
R~--- 
Cok 


where: 
A = the maximum 
allowable 
series reSistance In ohms 
t = the maximum 
rise time per data sheet In seconds 
C = the board capacitance 
plus the driven 
deVice's 


Input capaCItance 
In farads 
k=O.7 
for the MC14504011 
k = 2.3 for other deVices 


transported 
in 
materials 
that 
are 
antistatic. 
Devices 


must 
not 
be 
inserted 
into 
conventional 
plastic 
"snow", 
styrofoam or plastic trays, but should be left 


in their 
onginal 
container 
until 
ready 
for use. 
6. All CMOS or NMOS devices should be placed on a 
grounded bench surface and operators should ground 


themselves 
prior 
to handling 
devices. 
since 
a worker 
can be statically charged with respect to the bench 
surface. Wrist straps In contact with skin are strongly 
recommended. See Figure 2. 


7. Nylon or other static generating materials should not 
come in contact with CMOS or NMOS circuits. 


8. If automatic handling IS being used, high levels of 
static electricity may be generated by the movement 
of devices, belts, or boards. Reduce static build-up by 


using ionized 
air blowers 
or room 
humidifiers. 
All parts 
of machines which come into contact with the top, 
bottom, and sides of IC packages must be grounded 
metal 
or other 
conductive 
material. 


9. Cold chambers using C02 
for cooling 
should be 
equipped with baffles, and devices must be contained 
on or in conductive 
material. 


10. When 
lead-straightening 
or 
hand-soldering 
IS 
necessary, provide ground straps for the apparatus 
used and be sure that soldering ties are grounded. 


11. The follOWing steps should be observed during wave 


solder 
operations. 
a. The solder pot and conductive conveyor system of 
the wave soldering machine must be grounded to 
an earth ground. 


b. The loading and unloading work benches should 
have conductive tops which are grounded to an 
earth ground. 


c. Operators must comply with precautions previously 
explained. 


d. Completed assemblies should 
be placed In an- 


tistatic 
containers 
prior 
to 
being 
moved 
to subse- 


quent 
stations. 


12. The follOWing steps should be observed dUring board 
cleaning operation. 
a. Vapor degreasersand baskets must be grounded to 


an 
earth 
ground. 
Operators 
must 
likewise 
be 
grounded. 
b. 8rush or spray cleaning should not be used. 
c. Assemblies 
should 
be 
placed 
into 
the 
vapor 
degreaser immediately upon removal from the anti- 


static 
container. 


d. Cleaned assemblies should be placed In antistatic 
containers 
immediately 
after 
removal 
from 
the 
cleaning basket. 


e. High 
velocity 
air 
movement 
or 
application 
of 
solvents and coatings should be employed only 
when module circuits are grounded and a static 
eliminator is directed at the module. 


13. The use of static detection meters for line surveillance 
IShighly recommended. 
14. Equipment specifications should alert users to the 
presence of CMOS or NMOS devices and require 
familiarization with this specification prior to perform- 
ing any kind of maintenance or replacement of devices 
or modules. 


15. Do not insert or remove CMOS or NMOS devices 
from test sockets with power applied. Check all power 
supplies to be used for testing devices to be certain 
there are no voltage transients present. 


16. Double check test equipment setup for proper polarity 
of voltage before conducting parametric or functional 
testing. 
17. Do not recycle shipping rails. Continuous use causes 


deterioration 
of their 
antistatic 
coating. 


RECOMMENDED FOR READING 


"Total Control of the Static in Your 8usiness" 


Available by writing to: 
Static Control Systems Div. 
Box ELB-3, 225-4S 
3M Center 
St. Paul, MN 55144 


Or calling: 


1-800-328-1368 
1-612-733-9420lin Minnesota) 


NOTES' 
1/16 Inch conductive sheet stock covering bench top 


work area. 


2. Ground strap. 


3. Wrist strap m contact With skIn. 


4. Static neutralizer. 
(Ionized air blower directed at work.) 


Pnmanly for use In areas where direct grounding 


IS Impractical. 


5. Room humidIfIer. 
Pnmanly for use In areas where the 


relative humidity 
IS less than 45%. 
Caution: 
bUilding 


heatmg and cooling systems usually dry the air causing 


the relative humIdity Inside of bUildings to be less than 


outSide humidity. 


CMOS LATCH UP 


Latch up will not be a problem for most designs, but the 
designer should be aware of It, what causes it, and how to 
prevent it. 


Figure 3 shows the layout of a typical CMOS inverter and 
Figure 4 shows the parasitic bipolar devices that are formed. 


The cirCUit 
formed 
by the parasitic 
tranSIstors 
and resistors 
IS 
the baSICconfiguration 
of a silicon controlled rectifier, or 
SCR. In the latch-up condition, 
transistors 01 and 02 are 
turned on, each providing the base current necessary for the 
other to remain In saturation, thereby latching the deVices 
on. Unlike a conventional SCR, where the device is turned 
on by applying a voltage to the base of the NPN tranSistor, 
the parasitic SCR is turned on by applying a voltage to the 
emitter of either transistor. The two emitters that trigger the 
SCR are the same pOint, the CMOS output. 
Therefore, to 
latch up the CMOS device, the output 
voltage must be 
greater than VOO + 0.5 Vdc or less than - 0.5 Vdc and have 
sufficient 
current 
to 
trigger 
the 
SCR. 
The 
latch-up 
mechanism is similar for the inputs. 


Once a CMOS device is latched up, if the supply current is 
not limited, the deVice will be destroyed. Ways to prevent 


such 
occurrences 
are listed 
below. 


-0.5:o>Vin:o>VOO+0.5 Vdc referenced to VSS 
-0.5:o>Vout:O>VOO+0.5 Vdc referenced to VSS 
IIml:o>10 mA 
Iloutl:o>10mA when transients or dc levels exceed the 
supply voltages. 
2. If voltage transients of sufficient energy to latch up the 
deVice are expected on the outputs, external protec- 
lIOn diodes can be used to clamp the voltage. Another 
method of protection is to use a series resistor to limit 
the expected worst case current 
to the MaXimum 
Ratings values. See Figure 1. 


3. If voltage transients are expected on the Inputs, pro- 


tecllOn diodes may be used to clamp the voltage or a 


series 
resistor 
may 
be 
used 
to limit 
the 
current 
to a 
level less than the maximum rating of I,n= 10mA. See 
Figure 1 


4. Sequence power supplies so that the mputs or outputs 
of CMOS devices are not powered up first 
le.g., 
recessed edge connectors 
may be used In plug-In 
board applications and/or series reslstorsl. 
5. Power supply Imes should be free of excessive nOise. 
Care in board layout and filtering should be used. 


6. Limit the available power supply current to the devices 
that are sublect to latch-up conditions. ThiScan be ac- 
complished With the power supply filtering network or 


with 
a currenHlmltmg 
regulator. 
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Quality and Reliability II 
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Donnnnnnnnnnnnn 
What do you consider-in 
addition to price and function-when 
buying a product? You probably need to know 
o Cow 
welt j"d 
hij 
long rr cantipect it 10 wOTI But Pilduct ierndarty 
calle 
diff;ct 
toness: I 
L. How do you know that a company 
is doing all that's necessary to ensure the quality and reliability of its 
o[. 
:r~:c~s:d 
meaL!e 
the Uu!tsJaL:hU 
is the IcLpaJ)s 
tra~J JecoJ U l] L:J 
0111 
II 
II 
II 
II 
II 
II 
II 
II 
II 
llilir-l 
L ~t Motorola we're proud of our quality and reliability record, and we want you to understand 
and share our confi- 
o odooloolj'o1JlJ"t:]"E5E50 ~ 0 
000000 
L~~~rti;li:~te:J 
~ D []JD 
OooooOOnnnnLJOiJD 
O0 0 0 0 


Programsthat havebeen, 
0 
oL :S=~~ty":::e~~ty~ 
~ 
~ 
OoooooonnnnLJO~O 
00000 
0 L;~;:~=5;J 
[[J [] [] 0 
ODnnnnnnnnn~ooo 
-so 
you will know what else you're buying when you buy Motorola. 
o0uU U 
"It is the policy Of the Motorola Semiconductor 
Products Sector to 
O0 0 


produce products and provide services exactly according to 
specifications 
and delivery schedule. The system will be based on 
O0 0 


prevention 
using statistical process control. The standard 
will 
be error-Jree 
performance_ 
These results will be derived from 
the participative 
efforts of each employee in conjunction 
with 
oO· 
supportive participation 
from all levels of management." 
o0 Jtt::~~~~:fr- 
O 


Executive 
Vice President 
Senior Vice President 
General Manager 
Assistant General Manager 
Semiconductor 
Products Sector 
Semiconductor 
Products Sector 


Are you buying a sure thing? 
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~ ell ~ 
GOING 
BEYOND THE MOTTO 


••• 
Motorola Quality Policy 
~~Lj 


"Dedication 
to quality" 
has a nice ring to it, but as a working concept 
it must encompass 
far more than fine- 


wunding 
rhetoric. To realize our quality goals at Motorola, we first had to formulate a quality policy capable of 
serving as a framework 
for an aggressive, ongoing improvement 
program. 


Policy 
Goals 


Implementing 
the Policy 


Features 


QA as Customer 
Advocate 


Targeting the 
Problem Causes 


Assigned 
Responsibility; 


RegUlar Reviews 


Company-Wide 
Coordination 


The higbest possible level of quality-in 
concrete, measureable 
terms-is 
Motorola's 


goal for its products 
and services. 
We approach 
this goal through 
the combined 
efforts of dedicated 
employees 
and active, supportive 
management 
at all levels of 
the corporation. 


Motorola distributes 
quality responsibility 
throughout 
the company. 
Every sector, 


group, division, 
and business unit is charged with. 


• Developing its own supportive 
policies 


• Establishing and maintaining 
regular 
programs 
to improve product 
qual- 


ity, reliability, and service 


• Directing these programs toward all phases 
of its business 


• Targeting a ten-fold 
improvement 
in measureable 
quality and reliability 
criteria over each five-year period 


Individual Quality Assurance groups are directed to perform as customer advocates; 
their organizational 
independence 
allows them to function 
from that perspective. 


Every Motorola sector, group, division, 
and business unit designs its own formal 
processes to improve quality and reliability; each of these processes features a con- 
stant search for new ways of identifying and eliminating 
problem causes. 


Aspart of its quality plan, each of these groups installs and documents 
a system detail- 
ing responsibility 
for executing the plan. To ensure continuing 
effectiveness, 
Moto- 


rola performs 
periodic 
reviews of the system, without 
exception. 


Toensure achievement of quality goals, Motorola maintains a Corporate Quality Council 
to oversee the company-wide 
coordination, 
promotion, 
and review of all quality 
systems and programs. 


FORCING 
DOWN THE BOTTOM LINE 
Three Programs for Excellence 


Improve 
quality 
by an order 
of magnitude 
every five years. To achieve this ever tighter goal, we need aggres- 


sive improvement 
programs geared to every aspect of the manufacturing 
process. The following programs focus 


on three areas of particular importance-maintaining 
raw material quality, monitoring of statistics during manufac- 
turing, and driving down the defect rate. 


Vendor 
Improvement 


Plan 


StatisticaI 


Quality 
Control 
(SQC) 


Zero 
Defects 
Program 


Built-in quality requires starting out with the best materials possible. To ensure the 
quality of incoming raw materials, we work with our vendors to verify: 


• Mutual understanding 
of Motorola quality requirements 


• Correlation 
between the outgoing (vendor) and incoming (Motorola) qual- 


ity requirements 
and statistics 


Once we certify a vendor under this plan, we can eliminate redundant 
testing after 
receipt of goods-thereby 
reducing time and costs associated with the parts while main- 


taining the quality. 


From design through finished product, the quality control sciences keep us manufac- 
turing within Motorola standards: 


Control 
charts 
monitor and plot the output of the wafer fabrication process, ensur- 


ing immediate response to undesirable situations. Charts used are from J. M.Juran's 
Quality Control Handbook (McGraw-Hill, 1974). 
Advanced 
diagnostic 
techniques 
let us control certain variables that affect product 
quality. Statistical tools include multi-vari charts, randomization, 
factorials, and con- 


trol techniques. 
Planned 
experimentation 
explores relationships between variables, focusing on the 
effects of altering variables. Methods include analysis of data from component 
and 


variable search patterns and from full and fractional factorial experiments. 
Pareto 
analysis 
rates proposed 
changes on a need/cost basis. 


Control 
of yield variation. 
Acontinuous 
stream of yield variation data is provided 
during final test; equipment 
shutdown 
results if variation exceeds control limits. 


No test of rejects 
(NTR). Parts rejected at final test are removed at once and not given 


a second chance to pass. (Tocarry out the NTRprogram with confidence, Motorola con- 
ducts regular qualification 
testing of products, 
test programs, 
test equipment, 
and 


operators. ) 


Our manufacturing 
process consists of a series of small, discrete operations 
that are 
continually 
tested and measured using these and other SQC tools. Resulting statistics 
are compared with control figures to identify non-random 
variations and determine 


when a change is needed. 


A corporate mandate to push down the defect rate prompted 
us to develop our own 


version of an established industry concept. Motorola's Zero Defects Program includes 
the following assorted processes: 


Quality 
system procedures 
reinforcement. 
Toensure adherence to the procedures 


detailed in Motorola's Quality Systems manual, regular audits are conducted at several 
levels of the Quality and Reliability Assurance organizations. 
II 


In-line 
gating. 
This cooperative 
testing effort between Production 
and Quality Assurance: 


• Fosters communication 
and shared responsihility 


• Cuts down cycle time and cost 


Sample testing, formerly done by QA alone, is now done hy QA and Production-working 
together-before 
a 


lot leaves the production area. Recent quality improvement statistics (corrective actions, percent lot rejects, AOQ 
defects, and Return Material Requests) attest to the success of the shared effort. 


ESD audits. 
Changes in fabrication technology have increased electrostatic discharge (ESO)sensitivity in many 


products. Product design, handling, and packaging must improve to accommodate 
ESOconcerns. Motorola's ESO 


program monitors handling and packaging practices and identifies possible problems and improvements. 


• Motorola is committed 
to designing ESO performance 
improvements 
directly into its products. 


• Motorola's ESO-safe workstations 
protcct devices from damage during manufacturing. 


• Several levels of ESO-protective packaging ensure safe product transport 
and non-contamination 
of 


customers' 
static-free work areas. 


Organizational 
quality 
meetings. 
Meetings are held monthly at operational, 
divisional, and group levels to: 


• Review quality methods and goals 


• Improve quality feedback 


• Identify high-AOQ devices 


Manufacturing 
quality 
involvement 
teams. 
Volunteers representing a cross-section of manufacturing 
meet 


to exchange information 
and work through problems. 


Corrective 
action procedure. 
Apart defect found at the wafer area, at assembly, or at final test triggers a correc- 


tive action request (CAR)that documents 
the problem in detail, complete with recommendations. 
The CAR is 


issued to the corresponding 
product group and serves as a prompt to resolve action items. 


Statistical 
quality 
control. 
Functioning as part of the Zero Oefects Program, SQC (described above) provides 
a regulating force to keep manufacturing 
and testing processes operating within prescribed standards. 
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In early 
1986. MOiorola 
announced 
a major (.-hangt' in its return policy 
for OEM 
quality-related 
product 
returns. 
Unot:f the new polk)'. semicondu(:wc 
products 
found defective 
and returned 
to MOlOrola within 
45 days of the shipment 
datc will 


be accepted 
with no questions 
asked. 


The "no questions asked" return policy 
reflects our growing 
confidence 
in the 
quality 
of MOlorola 
products. 
Our quality 
improvement 
program 
has been so 


sun"essfu!. as horne out by rect'nt Matislics. that we no longer set' the need for 
an:eptance 
quality 
level (AQl) stipulations 
rt'garding quality-related 
defects. 


The new policy 
also reflects our wish to channel 
our SUl.'cessinto a plan that will 


beuer serve our customers-and 
make dealinR with 
Motorola 
even easier. 
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D• ~ MEASURING 
UP 
~ 
• 
~ 
Yardsticks for Success 
[].~ 


How do Motorola's quality ~fforts translat~ into achiev~m~nt' 


Product perfection, 
as th~ ultimat~ obj~ctiv~, is still in th~ future. But product exc~llence-the 
result of keeping 


pace with the deliberately 
aggressive goals that serve as major milestones-is 
not. We can offer you excellence 


today, as we show below. 


Motorola measur~s ov~r.lll product 
d~pendability 
in two ways. Quality, th~ physical status of a devic~ at final 
t~st, is measur~d in terms of the AOQ (average outgoing quality) defect rate. Reliability, the long-term useful life 
projection based on statistics, is currently rated on the four different indices that make up the Reliability Monitor 
Program: operating 
life, temperature/humiditylbias, 
autoclave, and temperature 
cycling/thermal 
shock. 


Consistent improv~ment in both quality and reliability marks another reason to turn to Motorola with confidence. 


The 


Measure 
of 


Quality 


A\'~rag~ outgoing quality has improv~d st~adily ov~r th~ last few y~ars-despit~ 
in- 
cr~asing product complexity, changing technologies, 
and rapid introduction 
of new 


products. 


Product lots slat~d for shipment are sampled for both electrical and visual/mechani- 
cal inspection. 
These AOQ figures show the declining defect rate (measured in defec- 


ti\'~ parts p~r million, or PPM) for both crit~ria. 


Motorola participat~s in the "Ship to Stock" product certification program (under which 
custom~rs bypass incoming 
inspection) 
with many customers. 
The succ~ss of this 


program reflects the tightened 
PPM quality made possible by ongoing improvement 
programs in Wafer Fab, Assembly, and Final Test. 


Electrical Average Outgoing Quall~ 
Flve·yearsummary of electrical performance 
measurements-actual 
and projected. 
II 


Reliability 
Monitor 
Program 


Samples are pulled weekly from the generic 
product 
families and run through 
all 
appropriate 
reliability tests. The test rt>sultsare continually 
fed into a database, iden- 


tifying problem 
areas and spurring 
corrective 
action. 
At present, 
the Reliability 


Monitor program consists of four tests; 


Temperature/Humidity/Bias 
(THB). An environmental 
test that determines moisture resistance of, and moisture- 
related effects on, plastic-packaged 
devices. Tests run for 
1008 hours at85 °C with a relative humidity of85 percent. 
Static voltage bias (applied to accelerate metal corrosion) 
is 5.0 V for high-speed 
devices and 15.0 V for metal-gate 
devices. Test is performed per JEDEC Standard 22, Method 
AIOI 
Results. Improved THB performance enables 
plastic-encapsulated 
les 
to 
survive harsh 
environments. THB statistics for BIP & MOS 
Analog products continue to improve as we 
experiment with diRerent mold components, 
tighten process controls, and further automate 
assembly facilities. 


High- Temperature 
Operating 
Life. Atool to predict the 
failure rate, based on the Arrhenius equation for chemical 
relationships. 
Applies extreme 
temperature 
under static 
conditions 
to accelerate thermally activated failure. Tests 
run for a minimum of 1008 hours at 125°C; voltage bias 
level is 5.0 for high-speed logic devices and 15.0 for metal- 
gate devices. Test isperformed 
per MIL-STD-883, Method 
1005. 


Results. Improvement has exceeded expecta- 
tions, largely as a result of improved equipment 
and techniques in both Water Fabrication and 
Assembly. Goals shown reflect the extremely 
high reliability now demanded in the market. 
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Autoclave. Ahighly accelerated, destructive environmental test that measures device resistance to moisture penetrat- 
ing the leadframe/plastic interface. Test is run for 240 hours at 121°Cwith 100percent relative humidity and 15psi. 


Temperature 
Cycling 
and Thermal 
Shock. 
Accelerates the thermal expansion 
mismatch that ensues when 
different components 
of a package expand at different rates. Devices are subjected to extreme low and then ex- 
treme high temperatures 
for 1000 low/high cycles. Test is performed 
per MIL-STD-883, Methods 1010 and lOll, 


Condition 
C (-65°C 
to + 150°C), or JEDEC Standard 22, Method AI04 (-40°C 
to + 125°C). 


At the end of each quarter, Motorola compiles and publishes these test results as a service to customers. For infor- 
mation on receiving the quarterly Reliability Report, please contact your local Motorola representative. 


Mechanical 
Data II 


The package 
availability 
for each device is indicated 
on the front 
page of the individual data sheets. Dimensions for the packages are 
given in this chapter. 


P SUFFIX 


PLASTIC 
PACKAGE 


CASE 626-04 


MILLIMETERS 
INCHES 


DIM 
MIN 
MAX 
MIN 
MAX 
A 
9.40 
10.16 
0.370 
0.400 
B 
6.10 
6.60 
0240 
0.260 
C 
3.94 
4.45 
0.155 
0.175 
0 
0.3B 
0.51 
0.015 
0.020 
F 
1.02 
1.52 
0.040 
0.060 
G 
254 
BSC 
0.100 BSC 


H 
0.76 
I 
1.27 
0.030 
0.050 
J 
0.20 
I 
0.30 
O.OOB 
0.012 


K 
2.92 
I 
3.43 
0.115 
0.135 
L 
7.62 BSC 
0.300 BSC 


M 
- 
I 
100 
- 
100 


N 
0.51 
I 
0.76 
0.020 
0.030 


NOTES: 


1. LEAD POSITIONAL 
TOLERANCE: 


If[g 0.13 (0.005) e I TI A e I B el 


2. DIMENSION 
"L" 
TO CENTER 
OF 
LEADS WHEN FORMED 
PARAllEl. 


3. PACKAGE 
CONTOUR 
OPTIONAL 


(ROUND 
OR SOUARE 
CORNERS). 


4. DIMENSIONS 
A AND B ARE DATUMS. 


5. DIMENSIONING 
AND TOLERANCING 
PER ANSI Y14.5. 
1973. 


STYLE 
I: 


PIN I: ACIN 


2.0C+IN 
3. DC -IN 
4. AC IN 
5. GROUND 
6. OUTPUT 
7. AUXILIARY 


8. VCC 


L SUFFIX 


CERAMIC 
PACKAGE 


CASE 632-07 


NOTES: 
1. ALL 
RULES 
ANO NOTES ASSOCIATEO 
WITH 
MO·OOI AA OUTLINE 
SHALL 
APPLY. 


2. OIMENSION 
T' TO CENTER 
OF LEAOS 


WHEN 
FORMEO 
PARALLEL. 


3. OIMENSION 
"A" 
ANO "B"1632·071 
00 


NOT INCLUOE 
GLASS RUN·OUT. 


4. LEAOS WITHIN 
0.25 mm 10.010) OIA 


OF TRUE 
POSITION 
AT SEATING 
PLANE 


ANO MAXIMUM 
MATERIAL 
CONOITION. 


P SUFFIX 


PLASTIC 
PACKAGE 
CASE 646-05 


NOTES: 


1. LEAOS WITHIN 
0.13 mm 
10.0051 RAOIUS 
OF TRUE 
POSITION 
AT SEATING 
PLANE 
AT MAXIMUM 
MATERIAL 
CONDITION. 


2. DIMENSION 
"L" 
TO 
CENTER 
OF LEADS 
WHEN FORMED 


PARALLEl. 


3. DIMENSION 
"B" 
DOES NOT 
INCLUOE 
MOLD 
FLASH. 
4. ROUNDED 
CORNERS 
OPTIONAL. 


r_ 
0·1 - 


MILLIMETERS 
INCHES 


DIM 
MIN 
MAX 
MIN 
MAX 


A 
19.05 
19.94 
0750 
07B5 


B 
6.10 
7.49 
0240 
0.295 
C 
- 
5.08 
- 
0.200 
0 
0.3B 
0.58 
0.015 
0.023 
F 
1.40 
1.77 
0.055 
0070 


G 
2.54 BSC 
0.100 BSC 
H 
1.91 
2.29 
0.075 
0090 
J 
020 
0.38 
O.OOB 
0015 


K 
3.18 
4.32 
0.125 
0.170 


L 
7.62 BSC 
0.300 BSC 
M 
- 
I 
150 
- 
15° 
N 
0.51 
1.02 
0020 
0.040 


MILLIMETERS 
INCHES 


DIM 
MIN 
MAX 
MIN 
MAX 
A 
18.16 
19.56 
0.715 
0.770 


B 
6.10 
6.60 
0.240 
0.260 
C 
4.06 
5.08 
0.160 
0.200 
0 
0.38 
0.53 
0.015 
0.021 
F 
1.02 
1.78 
0.040 
0.070 
G 
2.54 BSC 
0.10 
BSC 
H 
1.32 
2.41 
0.052 
0.095 
J 
0.20 
0.38 
0.008 
0.015 
K 
2.92 
3.43 
0.1 
0.135 
L 
7.62 Bse 
0.300 BSC 
M 
00 
I 
100 
00 
10° 
N 
0.51 
I 
1.02 
0.020 
0.040 
II 


NOT<S, 


1. lfAOS 
WITHIN 0.13 mm 10.00!i1 RADIUS Of TRUE 


POSITION 
AT SEATING 
PlANE 
AT MAXIMUM 


MAT<RIAL CONDITION. 


2. DIMENSION 
"L" TO CENT<R Of lEAOS 
WHEN 


fORMED 
PARALLEl. 


3. DIMENSION 
"B" DOES NOT INCLUDE MOLD 
flASH. 


4. ROUNDED 
COflNERS 
OPTIONAl; 
AS SIlOWN 
IN 


PREVIOUS 
ISSUE. 


P SUFFIX 
PLASTIC 
PACKAGE 
CASE 646-06 


R8JA 
= 100°CIW 


MILLIMETERS 
INCHES 


DIM 
MIN 
MAX 
MIN 
MAX 


A 
1816 
1956 
0715 
0770 


B 
610 
660 
0240 
0260 


C 
369 
469 
0\45 
0185 


0 
038 
053 
0015 
0021 


f 
102 
\78 
0040 
0070 


G 
254 
BSC 
0100 
8SC 


H 
132 
I 
241 
0052 
0095 


J 
020 
I 
038 
0008 
0015 


K 
292 
I 
343 
0115 
0135 


L 
7628SC 
0300 
BSC 


M 
o 
I 
10 
0 
10 


N 
039 
I 
101 
0015 
039 


~~ 


~~ 


L SUFFIX 


CERAMIC 
PACKAGE 


CASE 620-08 


1- 
A 
I 


TImmJ1~- 


~ H --- 
--1 r-- 0 
---IMl---- 
---.l 
G t- 
-----. 
F .-- - 
L- 
Sftl TlNG 


Plll.I'H 


I 
LEADS WITHIN 
0.13 mm 10 0051 RA.DIUS 


OF TRUE 
POSITION 
AT SEATING 
PLANE 


AT MAXIMUM 
MATERIAL 
CONDITION. 


2 
PACKAGE 
INDEX 
NOTCH 
IN LEAD 


NOTCH 
IN CERAMIC 
DR INK DOT 
3. DIM "L" 
TO CENTER 
OF LEADS WHEN 
FORMEO 
PARALLEL 


4 
DIM "A" 
AND "B' 
DO NOT INCLUOE 
GLASS RUN·OUT. 


5 
DIM "F" 
MAY 
NARROW 
TO 076 
mm 


10.0301 WHERE 
THE LEAD 
ENTERS 
THE CERAMIC 
BODY. 


P SUFFIX 


PLASTIC 
PACKAGE 


CASE 648-05 


Qi;::::::Jl ~ 


I 
--M- 
'\ 
OPTIONAL 
LEAD 


CONFIG. (1,8,9, 
& 16) 


P~-- 
- - 
A 


- 
NOTE 5 rr= L =J 


"~ --I Q 
~ 
JLQ 
'"'''' 
,. ...;!9L 


PLANE 


NOTES: 


1. LEAOS WITHIN 
0.13 mm 
(0.005) 
RADIUS 
OF TRUE 
POSITION 
AT SEATING 
PLANE AT MAXIMUM 
MATERIAL 
CDNOiTION. 


2. DIMENSION T' TO 
CENTER 
OF LEADS 


WHEN FORMED 


PARALLEL. 


3. DIMENSION 
"B" 
DOES NOT 
INCLUOE 
MOLO 
FLASH. 


4. T' DIMENSION 
IS FOR FULL 
LEADS. 
"HALF" 
LEADS ARE 


OPTiONAL 
AT LEAO 
POSITIONS 
1,8,9, 
and 
161. 


5. ROUNDED 
CORNERS 
OPTIONAL. 


MilLIMETERS 
INCHES 


DIM 
MIN 
MAX 
MIN 
MAX 


A 
19.05 
19.94 
0.750 
0.785 


8 
610 
749 
0.240 
0.295 


e 
508 
0.200 


0 
038 
053 
0.015 
0.021 


F 
140 
178 
0.055 
0.070 


G 
2548SC 
01008SC 


H 
0.51 
1.14 
0.020 
0.045 


J 
020 
030 
0.008 
0012 


I 
K 
318 
4.32 
0125 
0.170 


l 
7628SC 
0.300 BSC 


M 
- 
150 
- 
150 


N 
051 
1.02 
0.020 
0040 


MILLIMETERS 
INCHES 


DIM 
MIN 
MAX 
MIN 
MAX 


A 
18.80 
21.34 
0.740 
0.840 
8 
6.10 
6.60 
0.240 
0.260 
C 
4.06 
5.08 
0.160 
0.200 
0 
038 
0.53 
0.015 
0.021 
F 
1.02 
1.78 
0.040 
0.070 


G 
2.548se 
0.1008SC 
H 
0.38 
2.41 
0.015 
0.095 


J 
0.20 
0.38 
0.008 
0.015 
K 
2.92 
3.43 
0.115 
0.135 


L 
7.628se 
0.300 8se 


M 
0" 
100 
00 
100 


N 
0.51 
1.02 
0.020 
0.040 


P SUFRX 
PLASTIC 
CASE 643-06 


~ II 


----. 
I 


J~ 
/' 


Nf j 
--I/-J 
M-I- 
K 
"',..., 
"' .• 


NOTES: 


1. LEADS WITHIN 0.13 mm 10.0051 RADIUS OF TRUE 


POSmON 
AT SEATING PLANE AT MAXIMUM 


MATERIAL 
CONOITION. 


2. DIMENSION 
"L" 
TO CENTER OF LEADS WHEN 


FORMED PARALLEl. 


3. DIMENSION 
"B" 
DOES NOT INCLUDE MOLD 
FLASH. 


4. "F" DIMENSION 
IS FOR FULL LEADS. 


5. ROUNDED 
CORNERS OPTIONAl. 


MILUMETERS 
INCHES 


DIM 
M1N 
MAX 
MIN 
MAX 


A 
18.80 
21.34 
0.740 
0.840 


B 
6.10 
6.60 
0.240 
0.260 


C 
3.69 
4.69 
0.145 
0.185 


0 
0.38 
0.53 
0.015 
0.021 


F 
1.02 
1.78 
0.040 
0.070 


G 
2.54 8se 
0.100 Bse 


H 
0.38 
2.41 
0.D15 
0.095 


J 
0.20 
0.38 
0.008 
0.D15 


K 
2.92 
3.43 
0.115 
0.135 


L 
7.62 Bse 
0.300 sse 


M 
0" 
10" 
0° 
10" 


N 
0.39 
1.01 
0.D15 
0.040 


P SUFFIX 


PLASTIC 
PACKAGE 


CASE 707-02 
~~::::::::p 


I 
A 
I 


NOTES: 


1. 
POSITIONAL 
TOLERANCE 
OF LEAOS 
(01. 


SHALL 
BE WITHIN 
0.25mmI0.Ol01 
AT 
MAXIMUM 
MATERIAL 
CONOITlON, 
IN 
RELATION 
TO SEATING 
PLANE 
ANO 
EACH 
OTHER. 


2. 
OIMENSION 
L TO CENTER 
OF LEAOS 
WHEN 
FORMEO 
PARALLEL. 


3. 
OIMENSiON 
B OOES NOT 
INCLUOE 
MOLO 
FLASH. 


L SUFFIX 


CERAMIC 
PACKAGE 


CASE 72&-04 


~ 
~ 
cI 
l 


f 
K 
I 


SEATING 
PLANE 


NOTES: 


1. LEAOS, 
TRUE 
POSITIONED 
WITHIN 
0.25 mm (0.010) 
DIA. 


AT SEATING 
PLANE, 
AT 
MAXIMUM 
MATERIAL 
CONDITION. 


2. DIM "L" 
TO CENTER 
OF 
LEADS WHEN 
FORMED 
PARALLEL. 


3. DIM "A" 
& "B"INCLUDES 
MENISCUS. 


- 


MI L L1METE RS 
INCHES -- 


OIM 
MIN 
MAX 
MIN 
MAX 
A 
22.22 
23.24 
0.B15 
0.915 
8 
6.10 
6.60 
0.240 
0.260 
C 
3.56 
4.57 
0.140 
0.180 
0 
0.36 
0.56 
0.014 
0.022 


F 
1.21 
I.1B 
0.05 
0010 
G 
2.54 
BSC 
0.100 
BSC 


H 
1.02 
1.52 
0.040 
0.060 
J 
0.20 
0.30 
O.OOB 
0.012 
K 
2.92 
3.43 
0.115 
0.135 
1.6 
n.]nr 
BS 
M 
()O 
15° 
QO 
15° 
N 
0.51 
1.02 
0.020 
0.040 


MILLIMETERS 
INCHES 


DIM 
MIN 
MAX 
MIN 
MAX 


A 
22.35 
23.11 
0.8BO 
0.910 


8 
6.10 
1.49 
0.240 
0.295 


e 
- 
5.08 
- 
0.200 
0 
0.38 
0.53 
0.015 
0.021 


F 
1.40 
1.1B 
0.055 
0.010 


G 
2.54 BSC 
0100 
BSC 


H 
0.51 I 
1.14 
0.020 I 0.045 
J 
0.20 
0.30 
0.008 I 0.012 


K 
3.18 
I 4.32 
0.1251 
0.110 


L 
1.62 Bse 
0.300 sse 


M 
00 
I 
15° 
00 
I 
15° 


N 
0.51 
I 
1.02 
0.020 I 0.040 
II 


II 


L SUFFIX 


CERAMIC 
PACKAGE 


CASE 732-03 


NOTES: 


1. LEADS 
WITHIN 
0.25 mm 10.010) 
OIA. 
TRUE 
POSITION 
AT 
SEATING 
PLANE, 
AT MAXIMUM 


MATERIAL 
CONDITION. 


2. DIM 
L TO CENTER 
OF LEADS 
WHEN 
FORMED 
PARALLEL. 


3. DIM A AND 
B INCLUDES 
MENISCUS. 


P SUFFIX 


PLASTIC 
PACKAGE 


CASE 738-02 


NOTES: 


1. OIMW 
IS DATUM. 


2. POSITIONAL 
TOL 
FOR 
LEADS; 


't'''' 025 
lO.010@T 
IAel 


3. CLJ 
IS SEATING 
PLANE. 


4. DIM 
"B" 
ODES NOT 
INCLUDE 
MOLD 
FLASH. 


5. DIM [I] TO CENTER 
OF LEADS 
WHEN 


FORMED 
PARALLEL. 


6. DIMENSIONING 
AND 
TOLERANCING 
PER ANSI 
Y14.5. 
1973. 


MILLIMETERS 
INCHES 


DIM 
MIN 
MAX 
MIN 
MAX 


A 
23.88 
25.15 
0.940 
0.990 
B 
6.60 
7.49 
0.260 
0.295 
C 
3.81 
5.08 
0.150 
0.200 
0 
0.3B 
0.56 
0.015 
0.022 
F 
1.40 
1.65 
0.055 
0.065 
G 
2.54 BSC 
0.100 BSC 
H 
0.51 
1.27 
0.020 
0.050 
J 
0.20 
0.30 
O.OOB 
0.012 


K 
3.1B 
4.06 
0.125 
0.160 
L 
7.62 BSC 
0.300 BSC 
M 
00 
150 
00 
150 


N 
0.25 
1.02 
0.010 
0.040 


MILLIMETERS 
INCHES 


DIM 
MIN 
MAX 
MIN 
MAX 


A 
25.65 
27.18 
1.010 
1.070 


8 
6.10 
6.60 
0.240 
0260 
C 
3.94 
4.57 
0.155 
0180 


0 
0.38 
0.56 
0.015 
0.022 


F 
1.27 
1.78 
0050 
0.070 
G 
2.54 BSC 
0.100 BSC 
J 
0.20 
0.38 
0008 
0.015 


K 
2.79 
I 
3.56 
0.110 
0.140 
l 
7.62 BSC 
0.3008SC 


M 
00 
I 
150 
00 
150 


N 
0.51 I 
1.02 
0.020 
0.040 


NOTES: 
I. DIMENSIONING 
AND TOlERANCING 
PER ANSI 


YI4.5M. 
1982. 


2. CONTROLLING 
DIMENSION: 
INCH. 


3. DIMENSION 
"L" 
TO CENTER OF LEAD WHEN 


FORMED PARALLEL 


4. DIMENSION 
"B" 
DOES NOT INCLUDE MOLD 


FLASH. 


P SUFFIX 


PLASTIC 
PACKAGE 


CASE 738-03 


MILLIMETERS 
INCHES 


DIM 
MIN 
MAX 
MIN 
MAX 


A 
25.66 
27.17 
1.010 
1.070 


B 
6.10 
6.60 
0.240 
0.260 


C 
3.Bl 
4.57 
0.150 
0.180 


1-9 
0.39 
0.55 
0.015 
0.022 


E 
1.27 BSC 
0.050 BSC 


F 
1.27 
1.77 
0.050 
0.070 


G 
2.54 BSC 
0.100 BSC 


J 
0.21 
0.38 
0.008 
0.015 


K 
2.80 
3.55 
0.110 
0.140 


L 
7.62 BSC 
0.300 BSC 


M 
0" 
IS' 
0' 
I 
IS' 


N 
0.51 
1.01 
0.020 
0.040 


22·PIN PACKAGES 


P SUFFIX 


PLASTIC 
PACKAGE 


CASE 700-04 


C::::::::::l 


1 


B 


...1 


~ 


r-- 
- 
L 


T A 


N 
C 


I 
I 
1 


K 
I 
J --II.- 
-H- 
-<Gr- 
-, 
- 
F 
_r- 
0 
..,~M 


NOTES· 


1. 
POSITIONAL 
TOLERANCE 
OF 
LEAOS 
101. 


SHALL 
BE WITHIN 
0.25mmlO.Ol01 
AT 
MAXIMUM 
MATERIAL 
CONOITlON, 
IN 
RELATION 
TO SEATING 
PLANE 
ANO 
EACH 
OTHER. 


2. 
OIMENSION 
L TO 
CENTER 
OF 
LEAOS 


WHEN 
FORMEO 
PARALLEL. 


3. 
OIMENSION 
B OOES NOT 
INCLUOE 
MOLO 
FLASH. 


L SUFFIX 


CERAMIC 
PACKAGE 


CASE 736-03 


NOTES, 


1. LEAOS 
TRUE 
POSITIONEO 
WITHIN 
0.25 mm 10.010) 
OIA AT 


SEATING 
PLANE 
AT MAXIMUM 
MATERIAL 
CONOITION 
101M "0"). 


2. OIM "L" 
TO CENTER 
OF LEAOS 


WHEN 
FORMEO 
PARALLEL. 


MILLIMETERS 
INCHES 


OIM 
MIN 
MAX 
MIN 
MAX 
A 
27.56 
2832 
1.085 
1.115 


B 
8.64 
9.14 
0.340 
0.360 


C 
3.94 
5.08 
0.155 
0.200 
0 
0.36 
0.56 
0.014 
0022 


F 
1.27 
1.78 
0.050 
0.070 


G 
2.54 BSC 
0.100 BSC 


H 
1.02 
I 
1.52 
0.040 
0.060 
J 
0.20 
I 
0.38 
0.008 
0.015 


K 
292 
I 
343 
0.115 
0135 
L 
10.16 BSC 
0.400 
BSC 


M 
()O 
I 
15° 
()O 
15° 


N 
0.51 I 
1.02 
0.020 
0.040 


MILLIMETERS 
INCHES 


DIM 
MIN 
MAX 
MIN 
MAX 


A 
26.80 
27.81 
1.055 
1.095 


8 
9.14 
9.91 
0.360 
0.390 
C 
3.81 
5.46 
0.150 
0.215 


0 
0.38 
0.53 
0.015 
0.021 


F 
1.27 
1.65 
0.050 
0.065 


G 
2.54 BSC 
0.100 BSC 


H 
0.51 
1.27 
0.020 
0.050 
J 
0.20 
0.30 
O.OOS 
0.012 


K 
3.18 
4.32 
0.125 
0.170 
L 
9.91 
10.41 
0.390 
0.410 


M 
- 
15° 
15 
N 
0.25 
0.89 
0.010 
0.035 


L SUFFIX 


CERAMIC 
PACKAGE 


CASE 623-05 


NOTES: 


1. OIM "L" 
TO CENTER 
OF 
LEAOS WHEN FORMED 
PARALLEl. 


2. LEADS WITHIN 
0.13 
mm 
W.005} RADIUS 
OF TRUE 
POSITION 
AT SEATING 
PLANE 
AT MAXIMUM 
MATERIAL 
CONDITION. 
(WHEN FORMED 
PARALLEL). 


P SUFFIX 


PLASTIC 
PACKAGE 
CASE 649-03 
]. 


I 


,0 


--1H~ 
L~-f 
F'=1 
.-. --''-- 
H I-J~ 
----1 G l- 
~EATING 
-II-J 
M 
I--- 


PLANE 


NOTES: 


1. LEADS WITHIN 
0.13 mm W.0051 
RADIUS 
OF TRUE POSITION AT 
SEATING 
PLANE AT MAXIMUM 
MATERIAL 
CONDITION. 
2. DIMENSION 
"L" 
TO CENTER 
OF 
LEADS WHEN FORMED PARALLEl. 


MilliMETERS 
INCHES 


DIM 
MIN 
MAX 
MIN 
MAX 


A 
31.24 
32.77 
1.230 
1.290 


8 
12.70 
15.49 
0.500 
0.610 


C 
4.06 
5.59 
0.160 
0.220 
0 
0.41 
051 
0.016 
0.020 


F 
1.27 
1.52 
0.050 
0.060 


G 
2.54 BSC 
0.100 BSC 
J 
0.20 
0.30 
0.00BI0.012 


K 
3.18 
4.06 
0.12510.160 


L 
15.24 BSC 
0.600 BSC 
M 
0° 
15° 
00 -T 
15° 
N 
0.51 
1.27 
0.020 
I 0.050 


MILLIMETERS 
INCHES 
DIM 
MIN 
MAX 
MIN 
MAX 


A 
31.50 
32.13 
1.240 
1.265 


8 
13.21 
13.72 
0.520 
0.540 


C 
4.70 
5.21 
0.185 
0.205 
0 
0.38 
0.51 
0.015 
0.020 
F 
1.02 
1.52 
0.040 
0.060 


G 
2.54 BSC 
0.100 BSC 
H 
1.65 
2.16 
0065 
0.085 
J 
0.20 
0.30 
0.008 
0.012 
K 
2.92 
3.43 
0.115 
0.135 
L 
14.99 
15.49 
0.590 
0.610 
M 
l00 
- 
IOO 
N 
0.51 
1.02 
0.020 
0.040 
P 
0.13 
0.38 
0.005 
0.015 
Q 
0.51 
0.76 
0.020 
0.030 


II 


P SUFFIX 


PLASTIC 
PACKAGE 


CASE 709-02 


~iN( 
iC 
=l 
k 
mmrmnr 
I-----·~ 


J_ , 
'K 
D 
'S(IHI~G 
-, 
-- 
M 


PlA\{ 


NOTES. 


1 
POSITIONAL 
TOLERANCE 
Of 
LEAOS 
101. 


SHALL 
BE WITHIN 
0.25 
mm 10.0101 AT 


MAXIMUM 
MATERIAL 
CONOITION. 
IN 


RELATION 
TO SEATING 
PLANE 
ANO 


EACH OTHER. 


2. OIMENSION 
L TO CENTER 
Of 
LEAOS 


WHEN 
fORMEO 
PARALLEL 


3. OIMENSION 
B OOES NOT INCLUOE 
MOLO 


fLASH. 


MILLIMETERS 
INCHES 


DIM 
MIN 
MAX 
MIN 
MAX 


A 
31.37 
32.13 
1.235 
1.265 


8 
.13.72 
14.22 
0.540 
0.560 


C 
3.94 
5.0B 
0.155 
0.200 


0 
0.36 
0.56 
0.014 
0.022 


F 
1.02 
1.52 
0.040 
0060 


G 
2.54 
BSC 
0.100 
BSC 


H 
1.65-1 
203 
0.065 
I O.OBO 


J 
0.20 
038 
0008 
0.015 


K 
2.92 
I 
3.43 
0.115 
I 0.135 


L 
15.24 
BSC 
0.600 
8SC 


M 
00 
I 
150 
00 
I 
150 


N 
0.51 
I 
1.02 
0020To.040 


P SUFFIX 


PLASTIC 
PACKAGE 
CASE 710-02 


NOTES: 


1. 
POSITIONAL 
TOLERANCE 
OF 
LEAOS 
(0). 
SHALL 
BE WITHIN 
0.25mmI0.Ol0) 
AT 
MAXIMUM 
MATERIAL 
CONOITION. 
IN 
RELATION 
TO SEATING 
PLANE 
ANO 
EACH 
OTHER. 


2. 
OIMENSION 
L TO CENTER 
OF LEADS 


WHEN 
FORMEO 
PARALLEL. 


3. 
DIMENSION 
B DOES NOT 
INCLUDE 
MOLD 
FLASH. 


MILLIMETERS 
INCHES 
DIM 
MIN 
MAX 
MIN 
MAX 
A 
36.45 
37.21 
1.435 
.1.465 


B 
13.72 
1422 
0.540 
·0.560 


C 
3.94 
50B 
0.155 
0.200 
0 
036 
0.56 
0.014 
0022 


F 
1.02 
1.52 
0.040 
0.060 
G 
2.54 BSC 
0.100 
BSC 


H 
1.65 
2.16 
0.065 
0.OB5 


J 
020 
0.38 
O.OOB 
0.015 


K 
2.92 
3.43 
0.115 
0.135 


L 
15.24 
BSC 
0.600 
BSC 
M 
00 T 
150 
0° 
15° 


N 
051 
1.02 
0.020 
0.040 


P SUFFIX 


PLASTIC 
PACKAGE 


CASE 711-03 


I 
I~!Ntt 


..jHI--- 
..jGt-- 
_ '-f 
JI---o 
K'...!_ M 


HATING 
PlANE 


NOTES: 
1. POSITIONAL 
TOLERANCE 
OF LEADS 
(0). 


SHALL 
BE WITHIN 
0.25 mm 10.0101 AT 
MAXIMUM 
MATERIAL 
CONDITION. 
IN 


RELATION 
TO SEATING 
PLANE 
AND 
EACH 
OTHER. 


2. DIMENSION 
L TO CENTER 
OF LEADS 
WHEN 
FORMED 
PARALLEl. 


3. DIMENSION 
B ODES NOT 
INCLUDE 
MOLD 
FLASH. 


~METERS 
INCHES 
DIM 
MIN 
MAX 
MIN 
MAX 
A 
51.69 
52.45 
2.035 
2065 


B 
13.72 
14.22 
0.540 
0.560 
C 
3.94 
5.0B 
0.155 
0200 
0 
0.36 
056 
0.014 
0022 


F 
1.02 
1.52 
0.040 
0.060 
G 
2.54 BSC 
0.100 
BSC 
H 
1.65 
2.16 
0.065 
0.OB5 
J 
0.20 
03B 
OOOB 
0015 


K 
292 
3.43 
0.115 
0.135 
L 
15.24 BSC 
0600 
BSC 
M 
0° 
15° 
0° 
15° 
N 
0.51 
1.02 
0.020 
0.040 


RC SUFFIX 
PIN GRID 
ARRAY 
(84 PIN) 


CASE 793 


NOTES: 


,. DiMENSIONS 
A AND B ARE DATUMS AND T is 


A DATUM SURFACE. 


2. POSITIONAL TOLERANCE FOR lEADS: 
184 Pli 


~~1310005} 
© 
~BJ[l 


3. DIMENSIONING 
AND TOlERANCING 
PER 
Y14.5M,1982. 


4. CONTROLLING 
DiMENSION: 
INCH. 


K eeeeeeeeo 
° 
Jeeeeeeeeeo 
Heeeeeeeeee 
Geee 
€lee 
Feee 
€lee 
feee 
€lee 
Deee 
€lee 
ceeeeeeeeee 
Beeeeeeeeee 
",eeeeeeeeee 


MilLIMETERS 
INCHES 


DIM 
MIN 
MAX 
MIN 
MAX 


A 
- 
27.43 
- 
1080 


B 
- 
27.43 
- 
10BO 
C 
2.03 
2.67 
0.080 
0.105 


D 
0.43 
0.61 
0.017 
0.024 


G 
2.54 BSC 
0.100 BSC 


K 
3.56 
I 
4.95 
0.140 
0.195 


• 


Integrated Circuit 
Package Dimensions 


NOTE: 
Several versions 
of each package 
are in production 
(for example 
751 A-01 
and 751 A-02) 
with 
small 


dimensional 
variations. 


The following 
pages show 
a representative 
example 
of each package. 
For precise 
details 
of any package 


please contact 
your 
local MOTOROLA 
representative. 


MilLIMETERS 
INCHES 


DIM 
MIN 
MAX 
MIN 
MAX 


A 
4.80 
5.00 
0.189 
0.196 
B 
380 
4.00 
0.150 
0.157 
C 
1.35 
1.75 
0.054 
0.068 


D 
035 
0.49 
0.014 
0.019 
F 
040 
1.25 
0.016 
0.049 
G 
1.27 BSC 
0.050 BSC 
J 
0.19 
025 
0.008 
0.009 


K 
0.10 
0.25 
0.004 
0.009 


M 
O· 
r 
()" 
r 


p 
5.80 
6.20 
0.229 
0.244 


R 
0.25 
0.50 
0.010 
0019 


NOTES: 


1. DIMENSIONS 
A AND B ARE DATUMS 
AND T IS A 


DATUM 
SURFACE. 


2. POSITIONAL 
TOLERANCE 
FOR 0 DIMENSION 


18 PLACES): 


It1025100101®ITIB 
GJIA 
GJI 


3 
POSITIONAL 
TOLERANCE 
FOR P DIMENSION 
14 PLACES): 
I t 
I 0.25100101 
® 
I B 
® 
I 


4. DIMENSIONING 
AND TOLERANCING 
PER ANSI 


Y14.5M,1982. 


5. CONTROLLING 
DIMENSION: 
MilLIMETER. 


6. DIMENSION 
A AND B DO NOT INCLUDE 
MOLD 


PROTRUSION. 


7. MAXIMUM 
MOLD PROTRUSION 
0.1510.0061 


PER SIDE. 


I&lMTIIIS 
IIlCHU 
DII 
IIIN 
MAX 
IIIN 
MAX 


A 
8.501 
8.74 
0.336 
0.344 


8 
3.81 
•. 01 
0.150 
0.158 


C 
1.35 
1.7~ 
0.053 
0.089 
D 
0.35 
0.46 
0.01. 
0.018 
f 
0.67 
0.77 
0.026 
0.030 


G 
1.27 BSC 
0.050 BSC 
J 
0.19 T 
0.22 
0.007 
0.009 
I 
0.10 T 
0.20 
0.004 
0.008 
l 
4.82 
1 
~.21 
0.1. 
0.205 
, 
~.79 
I 
6.20 
0.228 
0.244 


••• nrB 
IIlCHU 
•• 
IIIN 
MAX 
IIIN 
MAX 


A 
9.78 
10.01 
0.315 
0.394 
• 
.Bl 
4.01 
0.150 
0.158 


C 
1.35 
1.~ 
0.053 
0.089 
II 
0.35 
0.46 
0.014 
0.018 
f 
0.67 
o.n 
0.026 
0.030 
•• 
1.27 BSC 
0.050 BSC 


J 
0.'9 
T 
0.22 
0.007 
0009 
I 
0.10 T 
0.20 
0.004 
0.008 
l 
4.82 
1 
~.21 
0.1. 
0.205 
, 
~.79 
I 
6.20 
0.228 
0.244 


II 


~::~::;i=~t 


11 
',1 


1 
,ITI'" 


-'-'- 
- 
- - - ~ 
-1Gf-- 


-l ~RX.50 
L~-l 
C. 
.-ItJ-J 


M1LUMETEIIS 
INCHES 


DIM 
M1N 
MAX 
MIN 
MAX 


A 
10.15 
10.45 
0.400 
0.411 


B 
7.40 
7.60 
0.292 
0.299 


C 
2.35 
2.65 
0.093 
0.104 


D 
0.35 
0.49 
0.014 
0.019 


F 
0.50 
0.90 
0.020 
0.035 


G 
1.278SC 
0.050 8SC 


J 
0.25 
0.32 
0.010 
0.012 


K 
0.10 
0.25 
0.004 
0.009 


M 
0" 
7° 
0" 
7° 


P 
10.05 
10.55 
0.395 
0.415 


0.25 
0.75 
0.010 
0.029 


NOTES: 


1. DIMENSIONS 
A AND 8 ARE DATUMS AND T IS A 


DATUM SURFACE. 


2. POSITIONAL 
TOLERANCE FOR 0 DIMENSION 


116 PLACESI: 


ItI025!Oo10!®ITI8 
@IA 
@I 


3. POSITIONAL 
TOLERANCE fOR P DIMENSION 


(8 PLACES!: 


1 .• 
1025(00101 
®l 
8 
® 
1 


4. DIMENSIONING 
AND TOLERANCING 
PER ANSI 


V14.5M, 1982. 


·5. CONTROLLING 
DIMENSION: 
MILLIMETER. 


6. DIMENSION 
A AND 8 DO NOT INCLUDE MOLD 


PROTRUSION. 


7. MAXIMUM 
MOLD PROTRUSION 0.1510.11061 


PER SIDE. 


MILUMmRS 
INCHES 


DIM 
MIN 
MAX 
MIN 
MAX 


A 
12.65 
12.95 
0.499 
0.509 


8 
7.40 
7.60 
0.292 
0.299 


C 
2.35 
2.65 
0.093 
0.104 


D 
0.35 
0.49 
0.014 
0.019 


F 
0.50 
0.90 
0.020 
0.035 


G 
1.278SC 
0.050 8SC 


J 
0.25 
0.32 
0.010 
0.012 


K 
0.10 
0.25 
0.004 
0.009 


M 
O· 
7" 
O· 
7" 


P 
10.05 
10.55 
0.395 
0.415 


R 
0.25 
0.75 
0010 
0.029 


NOTES: 


1. DIMENSIONS 
A AND 8 ARE DATUMS AND T IS A 


DATUM SURfACE 


2. POSITIONAL 
TOLERANCE fOR 0 DIMENSION 


120 PLACES!: 
It 1 025100101 
® I T I 8 
@ I (~ 


3. POSITIONAL 
TOLERANCE fOR P DIMENSION 


(10 PLACESI: 


1 .• 
1 025 100101 ® 
I 8 
® 
1 


4. DIMENSIONING 
AND TOLERANCING 
PER ANSI 


VI4.5M,I982. 


5. CONTROLLING 
DIMENSION' 
MILLIMETER 


6 
DIMENSION 
A AND 8 DO NOT INCLUDE MOLD 


PROTRUSION. 


7. MAXIMUM 
MOLD PROTRUSION 015 10.11061 


PER SIDE 


-I 
G I-- 
.-L 
1iRX4S' 


bPgEtdJ5.,Bgt=lgbJ=L9] 1c m Lft=~o~~ 1 


KJ 
t ~~:'" "'-.M 
F~I flJ 


-~-RTRT~@ 


131 


I±Jp 
121---=:1 
1,2PL 


---------~ 


-----~ 
~6AAHHHHHHHHE1d_.1 
C 


~~~~I~G J-L~- - - - 
L 


024 
PL 
K 


SO-28L (WIDE) 


MILLIMETEHS 
IN 
HES 


DIM 
MIN 
MAX 
MIN 
MAX 


A 
15.25 
15.50 
0.601 
0.610 


B 
7.40 
7.60 
0.292 
0.290 


C 
2.3' 
7."5 
o. 
.104 
0.35 
0.49 
0.014 
0.019 


F 
0.5 
0.90 
2 
0.035 
1.27 B"C 
0'0 
BSC 


J 
0.25 
°'2 
10 
0.012 


K 
0.10 
.25 
0.0 4 
0.00 


M 
0° 
r 
7° 


P 
10.05 
10.55 
o. 
15 
0.415 


R 
0.2' 
0.75 
. 10 
0.029 


MILLIMETERS 
INCHES 


DIM 
MIN 
MAX 
MIN 
MAX 


A 
17.80 
18.05 
0.701 
0.710 


B 
7.40 
7.60 
0.292 
0.299 


C 
2.35 
2.65 
0.093 
0.104 


D 
0.35 
0.49 
0.014 
0.019 


F 
0.50 
0.90 
0.020 10.035 


G 
1.278"" 
0.05 
BSC 


J 
0.25 
0.32 
0.010 
0.012 


K 
0.10 
0.25 
0.004 
0.009 


M 
0° 
r 
0° 
7° 


P 
10.05 
10.55 
0.395 
0.415 


R 
0.25 
0.75 
0.010 
0.029 


EI 


['11' 
T. 


• 
-1 


A 
rF 
, 
2' 
!, 
ITL 
I 
- 
'1 


..!-1 
H 
-1 G 
. 


t=:: 


M1lUMmRS 
INCHES 
! 


DIM 
MIH 
MAX 
MIH 
MAX 


A 
\97 
619 
om 
024\ 
' 


• 


63\ 
673 
0210 
026\ 


C 
2 " 
238 
0086 
0094 
0 
069 
OBll 
0027 
003\ 


E 
089 
114 
0031 
004\ 


F 
064 
088 
002\ 
0031 


G 
4\7 
Bse 
0180 Bse 


H 
2B7 Bse 
0.090 Bse 


J 
646 
018 
0018 
0023 


l 
2 \9 
289 
0102 
0114 
l 
0.89 
127 
003\ 
0010 


N 
O.Bl 
111 
0.032 
0044 


R 
1.07 
137 
0.042 
0014 
S 
\.21 
\46 
0.20\ 
0211 


U 
0\1 
- 
0.020 
- 


V 
076 
114 
0030 
004\ 


W 
0.48 
0.\\ 
0019 
0022 


y 
4.32 
0170 


_IJ ........ 
IIlCItES 
011 •• 
MAX •• 
MAX 
A 
9.78 
10.02 
0.- 
0.395 
• 
9.78 
10.02 
0.385 
0.395 
C 
4.19 
4.\7 
0.185 
0.180 
0 
0.64 
1.01 
O.llX 
O.lMO 


E 
2.16 
2.79 
0.• 
0.110 
F 
0.33 
0.13 
0.013 
0.021 
II 
1. 7 sse 
0.090 sse 
H 
0.88 
0.81 
0.028 
0.032 
J 
0.• 
013 
0.01\ 
0.025 
I 
7.37 .~ 
O. 
0.330 


R 
•• 
·.04 
0 
0 
II 
I. 
·.04 
0 
V 
1.07 
1.21 
O. 
O. 


W 
1.07 
1.'1 
O. 


X 
1.07 
iP 
y 
0.00 
O.§II 
O. 
O. 


=n=T 
I 
. 
I i 
I I 
U 
B 


I 


I~ 
~J1l 
~-:-----il 


I 


IL:-=:-:R--., 
I 


~B----l 


III 
, 
U 
" 


I 
I 
i 
I 


'j' 
. 
1- ..J 


, 
Df-- 
, 
i-£~ 


, 
I 
-C--I 


,- 
IIUIM£TtIlS 
INCHES 
DIM 
MIN 
MAX 
MIN 
MAX 
A 
12.32 
1251 
0.185 
0.495 


8 
12.32 
12.51 
0.185 
0.495 


C 
419 
4.51 
0.165 
0180 
0 
0.64 
1.01 
0.025 
0.040 
f 
216 
219 
0.085 
0.110 
f 
0.33 
053 
0.013 
0.021 
G 
1.21 BSC 
0.050 Bse 
H 
0.66 
O.Bl 
0.026 
0.032 
J 
038 
0.63 
0.015 
0.025 


K 
9.91 
10.92 
0.390 
0.430 
R 
11.43 
I1.5B 
0.450 
0.456 
U 
11.43 
11.58 
0450 
0456 


V 
1.01 
1.21 
0.042 
0048 


W 
1.01 
1.21 
0.042 
0.048 


X 
101 
1.42 
0.042 
0.056 


Y 
0.00 
050 
0.000 
0.020 


IIalJIIETfIlS 
INCItfS 
011 •• 
MAX •• 
MAX 
A 
11.40 
17.65 
0.1115 
0.695 


8 
17.40 
11.65 
0.1115 
0.695 


C 
4.19 
4.51 
0.165 
0.180 
0 
0.64 
1.01 
.0.025 
0.040 
f 
2.16 
2.19 
o.oBS 
0.110 
F 
0.33 
0.53 
0.013 
0.021 
G 
1.21 BSC 
0.050 sse 


H 
0.66 
O.Bl 
0.026 
0.032 
J 
0.38 
0.63 
0.015 
0.025 
I 
14.99 
16.00 
0.590 
0.630 


R 
16.51 
16.66 
O.lI!iO 
O.lI!i6 
U 
16.51 
16.66 
O.lI!iO 
O.lI!i6 
V 
1.01 
1.21 
0.'" 
0.048 


W 
1.01 
1.21 
0.042 
0.048 


X 
1.01 
1.42 
0.042 
0.056 


Y 
0.00 
0.50 
0.000 
0.020 


III 


...••• 
'"4 
V 
,- 
1- 
w 


! 
Mll.LM£T£RS 
INCHES 
DIM 
MIN 
MAX •• 
MAX 
A 
1994 
20 19 
0.785 
0795 
I 
19.94 
20 19 
0.785 
0795 
C 
.19 
.57 
0165 
0180 
D 
O~ 
101 
O.O~ 
OIMO 


~. ~ 
216 
2.79 
0.085 
0110 


Oll 
053 
O,Oll 
0021 


G 
1.27 BSC 
0050 Bse 
H 
066 
OBI 
0.026 
COll 
, 
J 
038 
063 
0015 
0025 
l 
1752 
18.~ 
0690 
0730 


R 
1905 
1920 
0750 
07\6 


U 
19.05 
19.20 
0750 
07\6 
V 
107 
1.21 
0.1M2 
0041 


W 
107 
121 
0.1M2 
0041 


X 
107 
1.2 
o 1M2 
0056 
y 
000 
050 
0000 
0020 


Geometries 


Surface 
mount 
board 
layout 
is a critical 
portion 
of the 


total design. The "foot 
print" 
for the semiconductor 
pack- 
ages must be the correct size to insure proper solder con- 


nection 
interface 
between 
the 
board 
and the 
package. 


With the correct pad geometry 
the packages will self align 
when 
subjected 
to a solder 
reflow 
process. 


_t_ 


10 


2 


81 
DDDDD 
+ 
+ 0 
0- 
o 
Or 


(0.0301 
o 
Ol-A 
o 
OT 
0.51 
o 
0100201 


D D D D D-----t---L- 


0.51 ~I 
1_ 
_I 
1_ 
0.76 


(0.0201~ 
r-- 
~ 
r-- (0.0301 
14------A-----~ 


Unit: mm linch) 
Min. Value 
Dimension A 
Inches 
mm 


PLCC20 
0.430 
10.9 


PLCC28 
0.530 
13.5 


PLCC44 
0.630 
16 


PLCC52 
0.830 
21.1 


PLCC68 
1.030 
25.1 


0.045" '" 0.005" 


TDDDD~ 


0.245" 
0160" 


IDDDD"t" 


0.030" '" 0.005,,_1 
f.- ...•I I--0050" TV? 


SO-16L,SO-20L, 
SO-18L 
II 


Tape and Reel 


Standard Bipolar Logic, Bipolar Analog 
and MOS Integrated Circuits 


Motorola 
has now added the convenience 
of Tape and 
Reel packaging 
for our growing 
family 
of standard 
Inte- 
grated Circuit 
products. 
Two reel sizes are available, 
for 
all but the largest types, to support 
the requirements 
of 


both first 
and second 
generation 
pick-and-place 
equip- 


ment. 
The 
packaging 
fully 
conforms 
to the 
latest 
EIA 
RS-481A specification. 
The antistatic 
embossed 
tape pro- 


vides a secure cavity, sealed with a peel-back cover tape. 


PLCC DEVICES 


TYPICAL 
TYPICAL 


I 
t 
I 
I 
0-0-0-0-0-0-0-0 
'BBB' 


Tape 
& Reel 


Tape 
Width 
Device 
Reel Size- 
Lot 
sizell) 
Device 


Package 
(mm) 
per 
Reel 
linch) 
(Min) 
Suffix 


50-8 
t2 
500 
7 
5,000 
Rl 
12 
2,500 
13 
5,000 
R2 


50-14 
16 
500 
7 
5,000 
Rl 


16 
2,500 
13 
5,000 
R2 


50-16 
16 
500 
7 
5,000 
R1 
16 
2,500 
13 
5,000 
R2 


50-16 
WIDE 
16 
250 
7 
5,000 
R1 


16 
1,000 
13 
5,000 
R2 


50-20 
WIDE 
24 
250 
7 
5,000 
R1 


24 
1,000 
13 
5,000 
R2 


50-24 
WIDE 
24 
250 
7 
5,000 
Rl 


24 
1,000 
13 
5,000 
R2 


50-28 
WIDE 
24 
200 
7 
3,000 
Rl 
24 
1,000 
13 
3,000 
R2 


PLCC-20 
16 
200 
7 
3,000 
R1 
16 
1,000 
13 
3,000 
R2 


PLCC-28 
24 
200 
7 
2,400 
Rl 


24 
500 
13 
2,500 
R2 


PLCC-44 
32 
200 
7 
2,000 
R1 
32 
500 
13 
2,000 
R2 


PLCC-52 
32 
500 
13 
2,000 
R2 
PLCC-68 
44 
250 
13 
2,000 
R2 
PLCC-84 
44 
250 
13 
2,000 
R2 


TO-92 
38 
2000 
13 
10,000 
RA or RE only 


TO-220 
Contact 
local 
sales office 
for information 


For ordering information 
please contact your local Motorola Semiconductor 
Sales Office. 


Distribution 
minimum 
order quantity is 1 reel. 


·Reel Size: TillS 
mm, 13"/330 mm. 


